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Abstract

Signilicant progress has been made over the past year in the
four focus arca of this rescarch group: gigabit protocols, exten-
sions of metropolitan protocols, parallel protocols, and distributed
stmulations. As ecvidence, we have presented one paper at
SIGCOMM’R9, have submitted three papers to SIGCOMM’90,
four papers will be presented at the Pittsburgh Summer Simulation
Confcrence in May, and onc paper has been submitted to the
Winter Simulation Conference. Two activities, a network manag-
ment tool and our CSMA/CD protocol, have developed to the
point that we plan to apply for a patent during the next year; a tool-
sct for distributed simulation using the language SIMSCRIPT also
has commerical potential and will be further refined this year. We
summarize this year’s results for each of these areas and describe
next yecar's activitics.

1. Introduction

This report serves two purposes: (1) as a summary of the accomplishments
of this research group over the past year (attached copies of submitted papers and
technical reports provide a more detailed report) and (2) as a proposal for next
year’s activitics for the research group.

Over the last year our research has focused on four areas. The first is an in-
depth study of FDDI as it will perform in realistic situations, i.e., networks from a
few nodes and less than a kilometer up to 1000 nodes over hundreds of kilome-
ters. The study takes into account various internal parameters such as L-MAX
(set up time for packed transmission), station latency time, and the relationship
between manufacturer specifications and stated standard specifications. Addi-
tionally we have studied how the choice of external parameters such as the
token-rotation-time influences performance. As part of this effort we are compar-
ing FDDI'’s performance to that of DQDB’s (formerly QPSX) which we are
studying as well. This effort is described in more detail in Section 2 below.

We were invited by DARPA to develop a proposal based in part on this
work; the proposal has now passed the first level of peer review. This has
directed some of our eflorts to the study of protocols for gigabit networks. In par-
ticular, we wanted to develop a protocol which combines the best of CSMA/CD
and FDDI and is at the same time efficient at the gigabit, wide-area level. We
have evolved a protocol which, at this stage of our study, looks very strong not
only in the absolute sense (e.g., access delays on the order of 10-100 ps at loads
ranging up to 200% of nominal network capacity) and much better when com-
pared to a protocol like FDDI when it is extended to a gigabit rate. This is further
described in Section 3.

A third effort is the study of using inexpensive hardware to obtain high
bandwidth networks. The basic premise is that parallelization will help in
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communications as wcll as it has done with computation. We belicve this will
becoime an extremcly important rescarch issue and have preliminary results which
show promising improvements. [t is described in Section 4.

The fourth effort of our rescarch group—distributed simulation—has less
successful in providing immediate improvement for the simulation studies which
we have completed. This is an difficult problem and at this point we experienced
some negative results. For example, one distributed technique we used took more
tunc than running the simulation on a single processor. To mcet immediate needs,
we have resorted to distributed processing of simulation; that is we are distribut-
ing individual simulation runs to as many machines as we can find on the net
which can handle them. Thus we achieve parallelization of runs but still have to
wait sometimes a day before we can get the results and decide what to run next.
On the positive side, we have developed a collection of support tools which can
be used with SIMSCRIPT, a widely used simulation programming language, to
support distributcd simulation. These tools look promising and are still being
rcfined and evaluated. This summary of this effort is presented in Section S.

During the past ycar we have produced nine technical reports, one paper has
been presented at SIGCOMM’89, one paper has been submitted to the journal of
Computer Networks and ISDN, three papers have been submitted the
SIGCOMM’90, four papers will be presented at the Pittsburgh Summer Simula-
tion Conference in May and one paper has been submitted to the Winter Simula-
tion Conference.

Product Development

While some aspects of this research require additional development before
leading to a commercially viable product, other efforts are now much closer as a
result of this year’s effort; support and interest from Sun Microsystems for com-
mercialization continues to be very strong. Two have developed to the point that
we feel it is now appropriate to apply for a patent for each during the next year;
we intend to do so. A third, a toolset for distributed simulation, also has commer-
cial potential.

The first product is a tool to assist in station management for FDDI net-
works. When setting up an FDDI network, an individual charged with station
manager responsibilitics must select several parameters which have significant
impact on network performance. For example, one key parameter is Token Rota-
tion Time, and current FDDI literature provide little guidance in its selection.
Our modeling of FDDI performance has led to development of procedures, based
on attributes of a particular network, which can suggest plausible values for
Token Rotation Time. The product will assist a station manager is parameter
selection using both simulation and analytic tools to propose and assess adjustable
network parameters. Because of Sun Microsystemns’ perception that FDDI will be
the network of the 90’s both for commercial and military applications, we antici-
pate that this tool, after refinement from a prototype to a commercial quality



product, will be carried Sun’s software product catalog, Catalyst. Over the next
year we will refine this into a commercial grade product for use by Sun and inclu-
sion the Catalyst catalog.

Interest and response to our CSMA/CD protocol has been strong and
encouraging. Initial performance evaluations based on analytic and simulation
modeling arc very promising. While some aspects for the protocol require addi-
tional rcfinement, (for example, the ‘fairness’ issuc is discussed in [Maly90a]
with sonic proposcd solutions in [Foudr90al); the next stcp in product develop-
ment is the development of an engineering model as a proof of concept. Over the
next year, we plan to continue to specify the protocol so that an engineering
model can be built as a proof-of-concept. Building the engineering prototype will
require an significant effort and external support. Support from CIT, Sun
Microsystems and NASA over the next year will allow us to refine and analyze
the protocol so that one year hence, development and commercialization can con-
tinue without support from CIT. To support this product development, Sun is pur-
chasing three FDDI boards for our use and is providing an additional high perfor-
mance work station.

Parallel networking is a promising alternative for high data rate networks
because of cost, reliability and more promising performance improvements above

those of just raw data rate increase. We need, over the next year, to solidly docu- .

ment these advantages so that we can identify and seck additional commercial
support for for further development of this technology.

We continue to focus distributed simulation efforts towards effective utiliza-
tion of environments consisting of networks of scientific work stations; we feel
that over the next ten years, this type of computing environment will become
even more commonplace. We have a prototype of tools which allow components
of a simulation to run on different machines in a network. Initial timing studies
are promising. However, this approach—as with all others proposed for distri-
buted simulation—will work well in some circumstances and poorly in others. To
assess the product viability of these tools, we have three tasks over the next year:
to continue timing studies to measure speed-up effects; to refine the prototype
based on both these timing studies and the tools use in several models; and to
develop procedures, based on a particular’s model properties, which can predict if
significant speed-ups can be achicved with this approach.

2. MAN Protocols

Problems and Approaches

One of our primary goals is to develop protocols for gigabit speed networks.
One of the means of accomplishing this is by employing parallelism of currently
emerging MAN protocols such as FDDI or DQDB (formerly QPSX). Given that
little performance analysis currently exists for these networks, an understanding
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of how these networks perform under various paramcters was lacking.
Specifically, our intcrest was to understand how number of nodes, network
length, packet length, data rates and traffic types affected these networks with the
intention to use the results to determine strategies for extending these protocols

(or developing new ones) to use at gigabit speeds.

Accomplishments 1989-90

Preliminary investigations of FDDI and DQDB have been ongoing in paral-
lel and led to a number of interesting results [Game90a, Maly90b, Maly90a]. The
major effort in DQDB has been in understanding how the dual-bus, reservation
scheme impacts the availability of the network to various nodes depending on the
node’s physical position in the nctwork. Simulation results have shown that dur-
ing high loads, nodes ncar the ends of the two busses have a tendency to either
starve or dominate the nctwork depending on the traffic placement strategy. We
are currently developing a strategy which will adapt the strategy to the load con-
ditions and provide a more equitable distribution of network bandwidth among
the nodes.

A significant body of results currently exists on petformance of token rings.
The primary difference bctween assumptions made in this research and FDDI is
the mechanism used to detcrmine how long a node can hold the token. FDDI
employs a token-holding-timer algorithm, the impact of which we have investi-
gated. Our current research of FDDI, pointing towards extension of the
throughput to gigabit per second rates, has been to determine the effect of remo-
val (and reuse) of a packet at its destination and employing multiple rings.

Research Efforts 1990-91

In addition to investigation of various topologics (ring of rings, mesh, and
braided mesh) and their performance, we would like to develop a software pack-
age to aid in configuration of FDDI networks. Particularly, many systems
managers do not understand the impact of the token rotation time in FDDI on per-
formance. We would propose to develop a package which will allow a systems’
manager to easily enter his configuration and traffic requirements. The package
will predict network performance using both with static estimations and simula-
tion. This will be eventually extended to include bridges to other types of net-
works (token ring, Ethernet, DQDB, etc.) and provide for a measure of overall
system performance. We anticipate that support for this effort will come from
Sun Microsystems and that the product will be marketed by them as an analysis
tool for communications managers. Sun has an interest specifically in FDDI and
is marketing FDDI as a backbone for its Ethemnets.
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3. Media Access Protocols

Problems and Approaches

Our major interest is in investigating network protocols for optical network-
ing at gigabit rates. Many of the present protocols which operate in the kilobit
and lower megabit per sccond range fail in one or more requirement areas at
higher data rates and/or over the wider range of distances which will be used in
gigabit nctworking. Sevcral problems must be considered in developing EHDNS
media access protocols. We have defined two areas critical to effective protocol
operation: traffic placement and resource allocation [Maly88a, Maly89a] papers
on resource allocation and traffic placement] Traffic placement policy describes
the node’s decision structure as it attempts to transmit messages across the net-
work. Our studies have resulted in analyzing a number of traffic placement poli-
cies. Resource allocation generally divides the system resources—typically a
multiplexing operation—into various units to support heterogeneous traffic.
Resource allocation must opcrate dynamically so that nodes attain a fair share
according to needs and resources can be easily reallocated as needs change.
These areas encompass the media access protocol requirements of minimal access
delay, throughput performance at all load levels, faimess(to nodes) and rapid
recovery due to traffic perturbations [Maly90a].

Our basic rcsearch is directed toward understanding the performance
features and limitations of present media access protocols and toward the
development of revised or new approaches which can fulfill these stringent
requirements. In so doing, we have examined several access protocols including
extensions to token rings (FDDI) [Maly90b], slotted reservation systems (DQDB)
[Newma88a], a protocol concept based upon local carrier sensing (CSMA/RN)
and parallel networks (discussed in Section 4).

Accomplishments 1989-90
During the 1989-1990 grant period, the ODU network research group made
significant progress in studying media access protocols. In last year’s proposal,
we mentioned briefly a new protocol, carrier-sensed multiple access for ring net-
works (CSMA/RN), which we had started researching. Our studies during
1989-90 have demonstrated CSMA/RN to be an extremely effective and a most
promising protocol for gigabit networking. It provides many desirable features to
support the requirements above including:
1. virtually immediate access if the network is free—no wait for a token or an
empty new slot;
2. ability to handle widely varying message sizes;
3. up to 200% of rated nctwork capacity without overload (2 Gbps traffic for a
1 Gbps network data rate);
4. excellent message performance (low access delay and minimal message
fracture) up to 150% of rated capacity;
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5. synchronous traffic with little overhead, less than 1%, with no global master
controllcr and automatic rccovery of unused synchronous traffic bandwidth;

6. guaranteed maximum access time;

7. capability to span distances from 2km—10,000km and wide range of node
counts; and

8. feasible for physical or virtual rings, i.c., those constructed from fiber optic
telephone trunk lincs.

Hence, CSMA/RN approaches a universal media access protocol for gigabit net-

works.

During the 1989-1990 grant year, the basic operational and performance
features of CSMA/RN were documented using analytical and simulation models.
The analysis, based upon qucuing theory demonstrated the access protocol capa-
bility. The simulation modcls were expressly designed to study the performance
featurcs relative to the system parameters and to gain insight into interactions
between message on the ring and the nodes with messages in their queue ready to
send.

We have submitted a CSMA/RN paper to the SIGCOMM’90 conference
[Foudr90b], have briefly described its operational features in a White
Paper{Foudr90a] and are preparing a journal paper for submission to the IEEE
Transactions on Communications.

Our resecarch on media access protocols has examined extensions of other
concepts besides CSMA/RN. Token rings, for example, have difficulties with
large token interarrival times for rings which span long distances; this can be
alleviated to a significant degree by use of parallel rings. Slotted reservation sys-
tems do reasonably well; however, with a fixed slot size there are always mes-
sages which are heavily fractured or wasted capacity depending upon the slot size
selected and the reservation scheme has significant faimess problems at high

loads.

Research Efforts 1990-91

During the 1990-1991 grant period, we, in conjunction with our other grant
support, will initiate a feasibility demonstration model of the CSMA/RN electro-
optical controller which interfaces the physical fiber media with the receiving and
transmitting of information at the node. This piece of the CSMA/RN system is
critical to its successful operation. This model can use lower data rate equipment,
i.e., 100—200 Mbps components in order to use cheaper, readily available parts
and logic chips. The operational features and development requirements for the
hardware model are discussed in detail in the attached white paper. In addition
and in conjunction with Sun Microsystems and NASA, we will seek additional
support so that the design and development of a laboratory prototype model can
be initiated and the capabilitics of CSMA/RN demonstrated.
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[n addition to the physical demonstration development, considerable
rescarch is requircd to more fully document the performance capability of
CSMA/RN. In this direction and with support from our funding sources we plan
to expand both the analytical and simulation modeling. First, the present analyti-
cal and opcrational simulation models will be improved to further document the
capability of CSMA/RN to support the gigabit nctworking requirements. These
models treat operations at the bit structure level so they can be used to study the
detailed interaction cach message with the nodes and cach other. This limits the
time frame over which the network can be modeled to the range of milliseconds
to a few scconds. These simulations generally take between 2 and 24 hours to
complete. While most asynchronous data operations occur within this range,
most synchronous communications like tclephone, video and control data con-
sider the time frame of minutes to a few hours. In addition, the synchronous data
can vary, for cxample, as in a silent period in a telephone call. Over that time, the
network must periodically provide space for the transfer of new accumulated
information and support thc initiation, placement and tcrmination synchronous
traffic. With the present simulation models it is impossible to study this time
frame of minutes to hours. Thus, we will investigate new modeling techniques
which can adequately represent the interactions of synchronous and asynchronous
data on the network and which can predict the performance under the wide varia-
tions in traffic patterns which can occur in network operations. We plan to exam-
ine our present and new models to determine to what extent they or the ideas with
in can be incorporated into useful and commercial products.

4. Parallel Protocols

Problems and Approaches
In developing extremely high data ratc nctworks, we have considered the
concept of parallel communications as an alternative mechanism for accomplish-
ing gigabit rates. In analogy with parallel computing, parallel communications
can:
1. improve reliability by initiating identical or redundant information transfer
which can compare results and correct any errors;
1. speedup operations by parallelizing normally serial operations; and
1. improve operations by new procedures which take advantages of the sys-
tems inherent parallelism.

The key to developing parallel communications is to identify the unique perfor-
mance features it provides within the context of the high data rate networking
problems and to incorporate those features into present or revised lower data rate

access systems.
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Accomplishments 1989-90

Our rescarch on parallel communications has progressed significantly during
the 1989-90 grant year. Our major accomplishment has been to develop an
analytical technique for separating and identifying those factors in a parallel net-
work that contribute to its performance improvement. They are improvements
due to: 1) more rapid insertion speed, i.e., more bits can be placed into the net-
work in a given time; 2) more rapid interarrival of the access mechanisms funda-
mental control, i.c., thc token in a token system or an empty slot in a slotted sys-
tem; and 3) the reduccd variance in service time which occurs due to smoother
operational access and which affects the expected access time in many queueing
theory models.

During the grant period, we have developed a token ring simulation model
which can identify separately each of the above factors and how they are
influenced by single or multiple ring structures. As yet we have not had a chance
to fully explore all aspects of multiple ring protocols but the results of our early
studies are indeed promising. For example, we have found that in multiple token
rings one can use a non-cxhaustive message placement policy and avoid the
inherent instability due to nonuniform traffic patterns at a node which prohibits a
non-exhaustive policy in a single token ring. In additions, the non-exhaustive
policy provides significantly improved performance in the multiple ring
configuration, in that access delay and response time remain virtually constant up’
to 90% of network capacity whereas in the single ring the access delay and
response time deteriorate significantly above 50% of capacity. We are expanding
the analytical and simulation modeling to examine other parallel token ring net-
work media access protocol properties.

Our results on modeling of a parallel token ring network and its performance
under a variety of conditions will be presented at the Simulation and Modeling
and Conference in Pittsburgh in May 1990 [Mukka90a]. We are presently
preparing an article to describe the characteristics of parallel networking for a
gigabit network workshop in November, 1990.

Research Efforts 1990-91

We plan to expand analytical and simulation modcling other network struc-
tures. First, we plan to modecl other access mechanisms, like slotted, train and
reservation systems (Cambridge, Expressnet and DQDB are examples, respec-
tively) to determine the performance advantages which can occur due to parallel-
ism. Another important aspect of parallel networks is structure, that is connec-
tivity, does not have to be identical in all units. This can lead to a fourth perfor-
mance improvement, travel time between nodes. We plan to explore and exploit
all of the factors in order to document the improvements that parallelism can pro-
vide in extended high data rate networking.
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5. Distributed Simulation

Problems and Approaches

Simulations of high spced network protocols are often very CPU intensive
operations requiring long run times. Very high speed network protocols
(Gigabit/scc rates) rcquire longer simulation runs in order to rcach steady state,
while at the same time requiring additional CPU processing for each unit of time
becausce of the data rates for the traflic being simulated. As protocol development
proceeds and simulations provide insights into problems associated with the pro-
tocol, the simulation model is often changed to generate additional or finer statist-
ical performance information. This process is time consuming due to the required
run times. Given the wide availability of networked high-performance scientific
work stations, efforts continue to develop methods for performing these simula-
tions in a distributed fashion, utilizing additional CPUs to reduce the time

required to obtain results.

Accomplishments 89-90

Distributed simulation is a hard problem [Tinke89a]. Simulations of tightly
coupled systems such as network protocols which share a common resource have
proven to be difficult due to the amount of shared information that is required.
Our initial efforts in developing dccompositions proved ineffective. In order for a
distributed simulation to provide reductions in run time, the modules must be
designed so that they can perforin compute intensive operations and require very
little intermodule communication. Our efforts this year concentrated on develop-
ing decompositions that either closely parallel the physical network, called physi-
cal decompositions [Pater89a] or ones that distributed operations of the simula-
tion program mechanics such as event list processing. Because of the amount of
data sharing and processor synchronization required, both of these methods pro-
vided disappointing results. One observation made during our tests was that if
data could be provided by one module to a second one without a time dependent
cycle developing, the synchronization needs are much less. The major problem
being addressed currently is the development of methods for model decomposi-
tion that reduce the amount of intermodule time-based dependencies.

A set of distributed simulation tools (software routines) which can be used
directly with SIMSCRIPT IL5 have been developed and tested. SIMSCRIPT IL.5
is a widely used simulation programming language. Since the routines can be
used with standard SIMSCRIPT, they potentially support the development of dis-
tributed simulation with little retraining of programmers. Initial timing studies
indicate that—if effective model decompositions can be found—these tools pro-
vide a modeler, particularly onc proficient in SIMSCRIPT, the ability to easily
distribute a a simulation across scveral work stations. Because of the general
interest in distributed simulation and the availability of networked scientific work
stations, these tools may be of significant commercial value. Studies during the
next year will continue their development and evaluation.
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Rescarch Efforts 90-91

Using static code analysis tools previously developed at Old Dominion
University, we will perform data flow analysis of existing simulation models,
written in the SIMSCRIPT, C, and Pascal languages, to determine the prevalence
of code sections which either supply or consume time independent data objects
during the simulation run. Additionally, we beliecve that code containing time
dependent data cycles can be distributed if there is sufficient computation time
between data requests to allow for the synchronization to occur or that the depen-
dencies are not tight, onc gencration per synchronization, so that values can be
precomputed and the simulation can be made to proceed.

Currently we have models for the simulation of FDDI, DQDB, and
CSMA/RN [Foudr90b, Khann90a, Game90a] that are available for analysis. To
support the distribution of modules detected, we will use tools developed during
the last year that provide interprocessor communication and server model syn-
chronization. The tools, described in [Pater90a), may need to be extended to
allow for two-way data flow and synchronization under a request and deliver

scheme. -
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1  Introduction

Several recently introduced protocols illustrate the
change in performance that results from subdividing
network capacity into multiple channels. In addition,
demand for integration of video and voice traflic with
data traflic has resulted in protocols that allow for
both synchronous and asynchronous traffic, such as
DRAMA. The DRAMA protocol not only takes ad-
vantage of the multichannel efficiency but also allows
for synchronous and asynchronous traffic over a large
distance without significant loss in speed and capac-
ity. This protocol is introduced in [15,16], and is based
on a broadband technology, allowing for dynamic al-
location of bandwidth among clusters of nodes, called
local area network groups (LANGs), and dynamic
allocation of synchronous/asynchronous traffic band-
width.

Marsan and Roffinella (12] evaluate multichannel
multiple-access schemes such as CSMA/CD for local
networks, but standard CSMA/CD protocols do not
provide for transmission of synchronous data as ad-
dressed in this paper. Chlamtac and Ganz [4] pro-
pose a multichannel design which statically allocates

bandwidth capacity to avoid the simultaneous deliv-
ery of frames to a node from different channels, but
docs not allow for efficient use of unwasted band-
width due to unbalanced traffic patterns. Merakos
and Bisdikian [10] divide the capacity of the network
into channels for intra- and inter-LAN traffic, but
does not provide for dynamic allocation of the band-
width allocated to each traffic type. Minimum deliv-
ery times for synchronous traffic cannot be guaranteed
due Lo the use of bridges for intetconnection of LANSs.
Wong and Yum [17] allocate channel bandwidth by a
contention-based reservation protocol which provides
circuit switching services for all traffic types, wheress,
DRAMA only provides circuit switched services for
synchronous traffic.
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In [11], we presented the resulls of a collection of
simulation studies of the DRAMA protocol. That pa-
per (ocused on the ability of the protocol to reallo-
cate bandwidth among LANGs in order Lo respond lo
changes in individual LANG workloads. ‘The current
paper reports on similation studies madcling an indi-
vidual LANG; in it, we analyze network performance
in handling loads and evaluate how traflic placement
policies affect perforinance. We assume a multichan-
nel network based on CSMA/CD and wish to decide
if the approach is feasible.

This paper is organized as follows. Section 2 de-
scribes the DRAMA protocol; Section 3 describes the
simulation model used in these experiments; Section
4 presents the traflic placement policies studied here;
and Section 5 discusses the resulls of these studies.

2 The DRAMA Protocol

The DRAMA protocel is designed for the dynamic
sharing of bandwidth of a single broadband bus among
groups of nodes in a large, inlegrated voice-video/data
nelwork. The amount of bandwidth available is as-
sumed to be large, say 350-500 MIlz. The nodes,
each capable of transmitting all traffic types, are clns-
tered by distance and function into LANGs. This
type of clustering is typical for various locations of
a company within a particular cily, installations on
a large ship or military base, or among diffcrent de-
partments within a university. The cable bandwidth
is frequency-divided into bands dedicated to particu-
lar LANGs and a global pool of bands that may be
acquited by any of the LANGs. For each LANG, re-
questing, acquiring, or releasing a band depends on
the current distribution and amount of traflic within
that LANG relative to the current traflic within the
entire netwotk. A LANG is allowed to transmit only
on those bands which have been assigned specifically
to it, but is required to reccive on all bands. For a
mote detailed discussion of DRAMA, including error
recovery, the reader is referred to {15,16,11].

Basic design objectives of DRAMA are the inlegra-
tion of synchronous/asynchronous traffic and dynamic
bandwidth allocation.

2.1 Synchronous/Asynchronous
Transmission Protocol

This section briefly describes the DRAMA protocol
for a LANG. In the protocol, the fraction of a band’s
capacity allotted to each traffic type dcpends on the
current synchronous and asynchronous load. Time on
cach band is slotted inlo frames. Each band's frames
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are delimited by “frame-begin” markers broadcast by
the band's current band-leader and are partitioned
into voice/video and data regions. The boundary be-
tween the Lwo regions vaties ftom frame to frame, de-
pending on the number of voice calls in talk-spurts
during that frame. Either data or voice/video may
consumic the entire frame if no traffic of the other type
ia present.

The data region is composed of data packets and
call-setup requests. The bandwidth in the data re-
gion is allocated using a CSMA/CD traffic placement
policy. Normally CSMA/CD is not suitable for use
among nodcs separated by more than several kilome-
ters because the interval during which a collision can
oceur is directly proportional to the propagation de-
lay between the most distant nodes. DRAMA circum-
vents this problem by restricting transmission privi-
leges on a band to exactly one LANG at a time, while
allowing all LANGs to receive the transmissions. In
this way, the CSMA/CD-based protocol can be used
over the entire set of LANGs with the same efficiency
asg in a single LANG.

The voice/video region provides a virtual circuit
for each established (one-way) voice call. In the
multi-channel version this means that a two-way inter-
LANG call uses two bands, one for each direction of
the call. One varying size slot is allocated in the voice
region to each (one-way) voice circuit. The slot con-
tains a varying size voice packet followed by control
information, called the control byte. The slot size may
differ because silence periods, which comptise roughly
60% of an average voice conversation (3], are not trans-
mitted. The control byte informs the other nodes
whether the call will terminate after this frame or will
be continued. The slots for the different voice calls
are contiguous and precede any data transmitted in
the frame.

Figure 1 shows a frame in which five calls are ongo-
ing (A,B,C,D,E), one of which is silent (D). Three
packets are transmitted in the data region using
CSMA/CD (data packets 1 and 2, and a successful
call-setup for the next frame).

Since in CSMA/CD the amount of bandwidth
wasted due to collisions increases dramatically with
load, it is important to allocate bandwidth in a fair
manner. Therefore, reducing load on heavily used
channels at the cost of increasing it on lower utilized
channels should reduce total collisiong.

2.2 Dynamic Bandwidth Allocation

fn proposed broadband systems such as {8] and {13],
as well as in currently available commercial systems,
the broadband frequency spectrum is statically parti-

~
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tioned by user group and/or by traflic class. For ex-
ample, CableNet {14], Sytek’s LocalNet [6], and Mitre
CableNet [8] each partition the bandwidth into fixed
bands for particular applications of specific groups of
users; some bands are permanently resecved for video
channels, some are reserved for time division muliti-
plexing for a set of closely located users, and some
bands are dedicaled to specific functions such as pro-
cess control. However, a common characteristic of a
network that supports diverse traflic classes such as
voice, data, and video is that the bandwidth require-
ments of both an individual node and a LANG fluctu-
ate widely over time compared with the LANG’s av-
erage requirement. In such diversified systemns, static
pattitioning according to average requirements will of-
ten waste idle bandwidth; at other times, it will be
insufficient to satisly a LANG's traflic requirements
while bandwidth is available elsewhere in the network.

In the DRAMA protocol the bandwidth is
frequency-divided into M + 1 bands. One band is
reserved for a slotted band-control chaunel used by
all the LANGS to coordinate band-sharing, and the
remaining M fixed-size bands (say, 10MIlz each) are
available for voice, data and video transmissions. The
M bands are partitioned into a set of dedicaled bands
and a set of available bands. Dedicated bands guar-
antee that no LANG “starves” and that each LANG’s
performance is at least that of a normal, solitary
LANG using a baseband cable.

The available bands are either assigned to a LANG
or are in a global pool. Bands in the pool are shared
via a dynamic, fully-distributed, band-sharing pol-
icy that allows each LANG to obtain global bands
based on three factors: its current needs, the current
needs of other LANGS, and the current availability of
global bands. When a LANG acquires a band, that
LANG's nodes have exclusive transmission rights lo
the band; each node in the system must be able Lo re-
ceive all bands that might contain packets addressed
to it. Because all bands can be received at all nodes,
a uniform communication mechanism exists among
all nodes in all LANGS; this is preferable to the usc
of gateways, which introduce additional delays and
buflering requirements since transferred traflic must
compete with local traffic when it is sent between
nets. Simple wide-band repeaters may be required
over a long distance network to overcome attenuation
and/or signal distortion. The details of this band al-
location can be found in [t1].

2.3 Traffic Placement

When a node wishes to transmit, it chooses among the
bands on which its LANG currently has transmission
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privileges; Lthe node sceks a band with no traffic. [f the
LANG owns 10 bands, a typical figure, we estimate
this to take about 20 microseconds. We refer ta the
policy for clioosing among the free transmission bands
as the traffic placement policy.

Given the frame format in Figure 1, two primary ob-
jectives in formulating a placement policy exist. First,
it is important to keep bands frce of voice/video traffic
if possible since a band cannot be freed if its release
would interrupt synchronous traffic. Second, in or-
der Lo minimize delay, data traffic is spread as evenly
as possible over all the LANG’s current bands. The
systems and algoritlins that control this traffic place-
ment policy and its resulting performance are the sub-
Ject of Lhis paper.

2.4 DRAMA Implementation

In the original DRAMA system each node needed as
many receivers as there were channels and enough tun-
able transmitlers Lo service the channels assigned to
its LANG. This is not ‘economically feasible. Figure
2 presents a possible solution to this cost problem by
showing how nodes in a LANG can share receivers and
how the number of transmitters per node can be Jim-
ited. The nelwork sketched has 100 Mb total capacity,
divided into 100 channels. The LANG illustrated has
10 bands assigned to it. Each node needs at least one
tunable transmitter/receiver pair to be able to deter-
mine whether a selected band is free and to detect
a possible collision on that band after it has begun
transmilting. Nodes can have more than one tun-
able transmitter il they need to send information on
mote than one channel simultaneously. All incoming
information is haudled by the LANG central receiver
system and is forwarded to the nodes in that LANG
Ly a secondary channel that connects all nodes, or,
alternatively, by twisted pair (not shown). In the sys-
tern illustrated, the LANG receiver has 100 fixed re-
ceivers to listen to all channels; it filters all messages
bLelonging to its LANG (including the ones sent from
within the LANG) and channels them to the LANG
net. Hence the total number of signaling devices in 3
LANG with n nodes is 3n + 100.

3

We used simulation lo study performance of the
DRAMA protocol with different traflic policies. The
network model and related protocols were written in
SIMSCRIPT 11.5. The simulation program is highly
parameterized to allow experimentation with different
loads and diffcrent traffic placement policies.

Simulation Model



Initial experimentation showed that the model
achieved steady-state in 1.8 seconds of simulation
time; thus for each experiment, data collection began
after this point. Three techniques were used for model
validation. First, traces ~ that is, printing sequences
of significant model state changes — satisfied our con-
cerns about correct program implementation. Second,
as indicated by figures in this papcer, Lthe model repli-
cated standard CSMA/CD behavior. Third, as we
altered input parameters the model responded appro-
priately. We did occasionally encounter what was,
at [east initially, counterintuitive behavior in experi-
ments, but further analysis showed in each case that
the model had behaved appropriately; it was our in-
tuition that failed us.

4 Modecl Objectives and Structure

The main objectives ol our siinulalion experiments
are:

e To create an implementation of the DRAMA pro-
tocol at the packet level asg it would operate in a
single LANG,

¢ To compare several traflic placement policies, and

¢ To measure performance under a variety of loads
and traffic placement parameters.

Our earlier studics [11] dealt with performance is-
sues corresponding to band allocations among the
LANGS in a network. In those studics, a LANG was
modeled as an abstract entity with varying needs for
bands. In this study, however, we concentrate on the
performance issues related to a single LANG (as op-
posed to a network of LANGs). Accordingly, a LANG
is modeled as a group of nodes with the ability to
communicate to nodes across the network. Restrict-
ing simulation to a single LANG considerably reduces
the execution time required for each run. The conclu-
sions determined for a single LANG are easily gener-
alized to the multiple LANG case since each LANG
operates independently.

In our earlier study {11}, we have shown that bands
can be rapidly reallocated such that the band utiliza-
tion at every LANG is kept within a small percentage
of the total network average. In this study, we want
o hold the number of bands constant and study the
effects of traflic placement on the network.

" As shown in Figure 3, the simulation model in-
cludes:

o Band Status Table: Each node maintains a band
status table for all bands. Each entry of this ta-
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ble indicates the status (dedicated/global) of each
band.

e Nequest Queues: Each node maintains three
queues, one each for data, voice setup, and video
sebup. A first-in-first-out policy is used to service
each queue,

e Sender Unils: In addition to the request queues,

cach node maintains unils to control the sending

of voice, video and data blocks. These buffers

contain the packet that is being currently trans-
mitted as data.

The simulator initially generates the n nodes corre-
sponding to aamgle LANG. For each of these n nodes,
data traffic is created in terms of data packets as op-
posed to data messages of variable length. The data
generator assumes Poisson arrivals of packets that are
then placed in a data queue at the apptopriate node.
For efficiency, voice and video traffic are generated
at the LANG level (described as LANG manager in
Figure 3), and then randomly assigned to nodes in
the LANG. Both video and voice traffic have Poisson
arrivals and exponential service times. When a data

packel, voice request packed, or video request packet
is placed in its respective queue, the data frame con-
troller checks with the band status table to determine
whether a band is available for the packet. The time
required to check all bands is called the dand choice
thinking time. A packet is not removed from its queue
until after it has been placed and the collision interval
has passed.

The v1deo/vonce/data traﬂic mix generated in a
LANG is described as a percentage of the total load
in the LANG. Once these percentages are chosen for
a particular experiment, the average arrival rate for
cach traffic type at each node (Apr, Avo, Avy respec-
tively) can be determined using the following system
of cquations:

Apript + Avouvo + Avipvy = % (1
por +pvo+pvr = 100 (2)

Aprupr = PD&:u (3

Avonvo ,= pr&)ﬁ'u 4

Avipvy = prt;oi' ()

where

e C, is Lthe assumed average channel capacity used
by the LANG,



® ppor, Pvo, and py; are the desired percentages
of data, voice, and video traflic on the channel
respectively, and

e upr, pvo, and pyy are the the given average
service times of data, voice, and video traflic re-
spectively.

Some simulation experiments studied the effect of
traflic mix. Equations (1) through (5) were used to
generate arrival rates. For example, a traflic mix of
15% voice, 25% video and 60% data and a total net-
work load of 60% results in individual network loads
of 8%, 15% and 36% for voice, video and data respec-
tively. The data arrival rate necessary to generate ils
appropriate load is further dependent upon the length
of the specific packet. Data traffic is then uniformly
" distributed among the nodes of the network.

Other simulation experiments generated varied
mixes of voice, video and data traffic in order to test
the DRAMA system’s ability to handle different traf
i fic conditions. However, in many runs where other

features of the protocol were being studied, a typi-
cal traffic mix of 15% voice, 25% video and 60% data
was used. Standard transmission rates of 64 Kb/s
for voice and 500 Kb/s for video were used for each
circuit. The justification for using the higher video
load is that a single video transmission occupies half
i a band, making it harder to place this kind of tral-
fic than to place equivalent voice traffic. We felt that
) the increased video traflic would cause greater disrup-
; tions since these calls would occupy a large block on
_ a band, making it more difficult to place data traffic
i and would tend to occupy more bands less effectively.
The resuits would, in turn, have a greater tendency
to show where problems in traffic integration would
occur. Finally, most of the tests used a capacity of
10 Mb/s for the entire network, implemented as ten 1
Mb/s bands.
We considered the following performance metrics
for systemn evaluation:

1. Access Delay: Due to the significance of network
access delay in our experiments, we refer to this
as access delay. Thus the access delay does not
include the transmission and propagation delays.
§; indicates the average access delay at node i.

. Fairness: The network access delay for each of
the n nodes should be independent of its position
in the network and should be close to the average
access delay E of the network. This is measured
by the degree of fairness D;, where

E:‘=] (6l - E)2

n

D, = (6)
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where

o &; is the mean access delay at the ith node,
e E is the mean access delay in the LANG,
e 1 is the number of nodes in the LANG

Ideally, D, should be zero. Note that this equa-
tion is used to measure fairness within a single
LANG. Fairness among LANGs was studied in

(11].

3. Throughput: We measure the throughput of a
LANG as a function of the offered load, which
is measured as a percent of network capacity. In
these studies offered load ranged from 0 to 200
petcent. Here, throughput is the percent of the
network capacity taken up with successful traffic.

4. Recovery time: We were interested in the re-
sponse of a single LANG to impulse traffic. To
this end, in some experiments a sudden pulse of
traffic was generated in order to determine how
long the system_ would take to return to within 5
percent of the nominal load. Ten percent of the
nodes were given a burst of additional data traffic
in order to build up the queues at these nodes.

9  Traffic Placement Policy

As previously stated, the traffic distribution is 8 mix
of video, voice and data traffic. Our simulation has
separate traffic generation procedures for each type of
traffic. In an effort to minimize the number of bands
carrying synchronous traffic, new synchronous traf-
fic is assigned to the lowest numbered band carrying
synchronous traffic upon which it will fit. Video and
voice traffic is handled essentially as described in the
DRAMA protocol. Because of the short length of the
simulation runs relative to the length of video and
voice transmissions, these traffic demands are fairly
static. We paid more atlention to the placement of
data traffic because its dynamic nature has greater
effect on the network. We also studied the response
to the load changes that would be induced by starting
or stopping a video transmission.

By examining a number of placement strategies, we
intended to determine the sensitivity of the network’s
performance to various methods of placing data traffic
on the network.

5.1 Traffic Placement Strategies

Traffic placement policies are concerned with tech-
niques to compete for transmission time and to handle



unsuccessful transmissions. More specifically, a traf-
fic placement policy mmst address the following situ-
ations:

1. A node would like to transmit bui finds all
bands busy. The basic question is how long the
node should pause before reexamining the bands.
Sirategies vary lrom no delay to wailing a large
amount of time nnder the assumption that the
nelwork is currently saturtated. The time re-
quired to scan all bands, which we call scan time,
is the minimum possible delay. In some policies
an additional delay is added in consideration of
other nodes’ attempting to transmit. Having a
multiband network with no available bands is a
much better indication of the state of the nel-
work than finding a single-band Fthernet network
busy. We believed that this information might be
used to devise betler placement policies.

2. A node atlempts to transmil but a collision oc-,
curs. A collision does nol necessarily indicate
that the network is busy, only that a band is
busy. When a node altempts to (re)transmil a
packet, il examines all bands to delermine which

ones are not busy. Wilh light tralfic it is bet-
ter to attempl immediale retransmission. Under

high loads, a delay may reduce collisions.

3. A node transmits successfully and has additional
packets in its queue to be sent. This stale is
similar to the condition for busy bands, but has
no information about the state of the network.

We studied four basic stralegies. The simplest,
fized, is a static policy that delays a constant amount
ol time before retransmitting. We used a minimum
of 20 microseconds for this figure. Since the policy
assumes no knowledge of network load, it provides a
baseline for comparison with olher methods that use
local or global knowledge in order to improve perfor-
mance. Each of the three situations above employs
this delay.

Speedup bases the delay between altempts upon
the node’s own queue size, using only local knowl-
edge. The delay is inversely proportional to the queue
length. In this approach the node transmits pack-
els more frequently as ils queue grows and incorpo-
rates an opposite philosophy of backoff. Under light
network loading, a node will empty its queue more
quickly by transmitting more often. We assumed that
this method would reduce delays at low loads but that
performance might suffer at high loads. Speedup uses
this calculation for each of three situations.

Backoff employs the binary backofl approach, in
which the delay time increascs as more collisions oc-
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cur. This method has been shown to be very success-
ful on CSMA/CD networks during heavy loads, and
would give us a point of comparison for alternative
strategics under similar adverse conditions. In non-
collision situations backoff waits for a time not less
than scan time and not more than twice the value of
scan time.

Given our intuition that speedup would be prefer-
able in light loads and backeff in heavy loads, we also
investigated a combination of the two, which we called
fempered backoff. If a node is experiencing few colli-
sions, lempered backoff will approximate speedup. As
the number of collisions increases, the delay incorpo-
rated into the formula for dackeff will quickly domi-
nale the term fot speedup and will give the character-
istics of a dackoff approach.

6 Results

Figure 4 illustrates DRAMA'’s performance compared
with equivalent single-channel CSMA/CD protocols.
The most important aspect shown in Figure 4 is
that the access delay of the muitiband DRAMA
system is considerably lower than that of equiva-
lent or higher bandwidth single-band CSMA/CD sys-
tems. Figure 5 substantiates this point and demon-
strates that as the number of bands in the LANG
increases from 1 to 20, the access delay for integrated
voice/video/data traflic decreases significantly. One
can conclude that multiple-band local area network
syslems are able to successfully handle integrated traf-
fic using a CSMA/CD-type protocol. Also, DRAMA's
performance is for networks that can covet up to 100
km whereas single-band higher frequency CSMA/CD
protocols work only for a few km.

Specifically, the curves of Figure 4 depict the aver-
age access delay of a data package. As expected, the
delay is high even for low loads in a 50 Mb/s channel
without synchronous traflic. Here, the collision slot
time is a large percentage of the time it takes to send
a packet so collisions become very costly. The 10 Mb/s
channel with synchronous traffic uses a framed Ether-
net, where framing is necessary in order to provide
guaranieed access for the synchronous synchronous
information. The cost of incorporating synchronous
traffic is significant, since the framing creates a point,
located immediately after the voice/video frame ter-
minates, where the probability of collisions is high.

In contrast, DRAMA eflectively separates the syn-
chronous effects caused by framing so that data pack-
ets generally have immediate access to at least some
bands. In addition, DRAMA provides for efficient re-
covery of that portion of the frame which i not used

-
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for synchronous messages.

Figure 5 shows Lhe effect of changing the nwinbey
of bands assigned to o LANG, For mstance, with two
channels of 5 Mb/s each (of which 2 Mb/s of load are
due to voice and video), we liave approximately the
sane deliy as on one 10 MO/s channel withont syn
chronous Lradlie (see Figure 4). For the BANG willy
100 nodes, ten 1 AMD/s bands appear Lo be a good
compromise, since delay does nol iimprove greally al-
tee that point. Therc is clearly an optimal number of
bands; as the bandwidth per band gets smaller, the
negative umpact of hoth framing, as we shall see he-
low, and delivery delay become more evident.

Note that we are comparing access delays only,
In the overall performance of a network, additional
transport. delay (& psee,in) and bandwidth delay
(bits/scc) aflect the arrival of the complete packet
al its destination. Thus, a 2k packet al 10 Mh/s
would take 205 pisec lo arrive al a slation | km
from Lhe sonrce, while al 1 Mh/s il would take
2050 psec. In [aclk, one can conclude that single.
band CSMA/CD is always superior in overall delay to
ulti-band CSMA/CH A all trafllic is asynchronons.
Hence, the price one pays in order Lo liave an inle-
grated CSMA/CD that can handle voice, video and
data effectively is to accepl this increase in deliv.
cry delay. llowever, a 2 mscc transmission delay
for a 2K packet, while it may be serious in some
high-performance distributed systems, is still consid-
erably less thal the sofltware delays that occur in many
higher-level connmmications protocols [2].

Figure 6 illustrales the stability of the DRAMA pro-
tocol to handle high-load conditions without choking,.
It compares the traflic placcinent policics described in
Section 4 and demonstrates that all the policies are
effective when traflic overloads occur on Lhe network;
however, backoff and tempered backoff work somewhal
better al high loads. Up to about 76% of capacily,
practically all traflic on the net is incssage trallic with
a negligible (<1%) amount of noise. Al about a 90%
load the message trallic levels ofl and stays constant,
independent of the amount of trallic offered. The last
data point we measured is with an offered load of
185% of capacity. The amount of noise, i.c. colli-
sion, is aboul 5% and the additional capacily wasted
is between 5% and 15% depending upon the place-
ment policy.

Table t presents the data shown in Figure 6 in order
to compare the traflic placement policies. Up to 80%
load we sce that all policies provide approximatcely the
same theoughput. Above thal point, the policies wilh
backoff show a slight improvement over speedup and
fized. Delays are alittle better for the backoff policies
starting about 60%, and show niore improvement as

load increases. ‘Thus, policies with backoff should be
used Tor traflic placement in the DRAMA protocol.

Aninteresting - and not totally wnexpected - prop-
erty is revealed in Figure 7. As we scale up [rom
10 bands with 100 nodes to 50 and 500, respectively,
the pecforpince tnproves. Fhe inerease in available
hands allows further separabion belween synchronous
and asynchronons Lradlic so Lhal Lhe Jatler has more
hands to choose among. At the upper node and band
count, little deterioration in access delay occurs up to
80% oflered load. Most other protocols fail to reach
this level of performance and most get worse as the
node connt increascs.

One importanl. question discussed in Section 3 is
how DRAMA handles a combination of localized,
bursty overload traflic. Figure 8 shows how quickly
the systent reacts under the various Lrallic placement
algorithms in order to clear the nodes’ queues. The
total number of packels in the system is shown at
various simulation times for three siluations: (1) with
80% offered traflic for tempered backoff; (2) with 90%
offered traflic for tempered backoff, and (3) at 2 sec-
onds in the simulation of an 80% run we offer an over-
load Lo 10% of the nodes. The overload consisls of as
many packets as would have been needed Lo raise Lhe
total offcring to 90% over the entire simulation period.
The network response to this severe trangient is good
in that packet qucucs return Lo previous levels within
6 to 10 scconds,

The DRAMA protocol shows a marked dilerence
from normal CSMA/CD behavior in the effect of
round trip delay (potential collision slot time). Here,
petformance is nol the same for different valucs of
transmission time and round trip delay even though
the ratio of the two is the same. Figure 9 shows that
only at higher values (approximately 20 km length)
does the round trip dclay decisively increase the ac-
cess delay. T'wo factors in DRAMA that do not ex-
ist in single-band CSMA/CD help to reduce the ef-
feet of round trip delay and hence improve the LAN
spanning distance. First, with the reduced bandwidth
the effect of a collision is considerably lessened, since
the collision slot time is a much smaller percentage of
the packet transmission time. Second, the probabil-
ity of collisions is further reduced sinnce, with mulli-
ple bands, a collision occurs only il Lwo packets arrive
within the slol and sclect the same empty band. Thus,
besides cxtreme flexibility in configuring a network as
noted above, DRAMA provides the additional feature
that LANs can span both much greater and widely
differing distances.

In our experiments, we have scen a major impact on
performance by virtue of DRAMA’s frame structure.
i these runs the frame structure has been enforced so
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that packets which are too large Lo fil al the end of a
frame arc denied access unbil aller the frame mark has
occurrcd. "This can cause additional delays especially
as load increases. Fignres 10 212 exawine the relation
belween frame size, packel size, Lransimission rate, and
feame begin aligniment. In order Tor packets to fit at
the end of a frame they should be small wm compar.
ison with the frame lenglh. Figure 10 shows Lhat if
we keep packel bo fraine ratios to 20% then Lhe delay
perforimance is relalively stable under chianges in band
structure or frame size. However, if we increase Lhis
talio Lo 40%, delay at higher loads is noliceably in-
creased. Further, il we force all packets to be aligned
on {rame boundarics performance even at low loads
is inuch poorer. Figure 11 illustrales the probiem by
change in packetl length from 65K Lo R8I bits. In Lhis
figure, the delay hias been normalized Lo a 2K packet
delay since one is required Lo send more packels al,
lower packel size in order Lo transmil the same in-
formation. Again, we sce thal for ralios 20% or less
the performance is relatively constant, but above Lhat.
delay increases appreciably. Note that at 6K and 8K
packel sizes it is possible Lo fit only one packet into a
frane.

Finally, Figure 12 shows thal performance can
be increased significantly by changing the prolocol
algorithm slightly. In this modilication each ban-
dleader elides the frame begin marker whenever no
voice/video calls arc assigned Lo Lthe band. Essentially,
Lhis makes the protocol unframed CSMA/CD for data
until voice/video calls are placed on the band. Dy-
namic [raming with overflow and timing recovery o
thiose bands which have synchronous traflic assigned,
similar to Lthe FDDI overflow systemn [1,5], would pro-
vide further recovery of wasted capacity.

These studies also addressed a concern lefl from our
carlier study [11]. That study focused on reallocation
of bands among LANGs and assumed that the allo-
cabion could be “casily” done; this will not be true if
synchronous traflic tends Lo spread across wost bands
allocated to a LANG. 'This study shows that, using the
DRAMA protocol, data reinains recasonably well con-
centrated on a small nmmnber of bands. Even under
high loads (e.g. 100%), in each experitnent we ran,
some channels never carricd any synchronous data
throughout the run. "This allows the LANG 1o relense
some bands il network condilions require reallocation.

Fairness is another melric for a local area network.
In the DRAMA system there are Lwo considerations of
fairness: (1) that across the whole network all LANG
have equal access delay, and (2) that within a LANG
cach node have equal access delay. ‘The first fairness
factor, across the network was reported in [11] and
showed cqual LANG access. The second fairness fac-

tor was measured in this simulation study for the in-
dividual nodes. Slatislics were computed to observe,
mean delay and standard deviation of delay about, the
mean for each node in the network. Tn 90% of all
cases observed, the means tended to be equal for all
nodes and the standard devialion of the delay was
always less than the mean. In the remaining 10%
of the cases, the standard deviation never excecded
125% of the mean. We nole that beyond 100% load
these statistics becorne meaningless since the queues
grow unbounded. ‘This indicales thal nodes are being
fairly treated and thal no node is being denied access
excessively due Lo some quirk in the protocol or node
location.

7 Conclusions

The analysis of the DRAMA protocol reported here
and in [11] indicates that the protocol has several im-
portant featurcs. The most impressive characteristic
is ils extreme Mexibility. A single metropolitan area
nctwork .using the DRAMA protocol can support:

o LANGSs with very different numbers of nodes,
e LANGSs spread across a wide geographic atea,
¢ Dramatic fluctuations of load, and

Widecly varying mixtures of traflic types.

The protocol provides this flexibility since:

A network can quickly rebalance loads by reallo-
cating bands among the LANGs (taking on the
order of 30 to 300 ms),

o The prolocol effectively integrates voice, video
and data on a CSMA/CD network,

e 'T'he traffic placement policies work well with dy-
namic resource allocation since the number of
bands with synchronous traffic is kept to a mini-
mum, and

o The nelwork is stable even at very heavy loads
and with momentary overloads at some nodes.

"These studies also suggest that, even with a limited
bandwidth (say 10 Mb/s), use of a multiband network
rather than a single band (say ten 1, Mb/s bands ver-
sus one 10 Mb/s band) can significantly lower average
access delay (though transmission time for large pack-
cls on a 1 Mb band will be longer). In addition the
multiband approach allows integration of synchronous
and asynchronous traffic.



As a result of the these studies we have additional
encouraging performance information on the DRAMA
protocol; we know that both backeff and tempered
backoff provide satisfactory traflic placement.

An area that nceds further rescarch wilh the
DRAMA protocol is the problem of providing tunable
transmitter hardware for each node so that a node
is able to transmit al various bands and enough re-
ceivers so Lthat the node can receive voice/video and
data packets sent to it in a random fashion. Further
study is underway to assess Lhe feasibility of hard-
ware Lo accomplish the reception funclion without
have rapidly tunable receivers to detecl when infor-
mation is arriving for a particular node. We are also
studying buffering mechanisms to handle the problem
of a single node receiving a large influx of information
on several bands simultancously.

Certainly the DRAMA protocol provides one alter-
native for suppocting the multiteaflic-type Hexible pi-
gabit networks which are becoming progressively more
important. We are now in the process of developing
a simulation testbed with the capabilily of generating
comparative performance data for prolocols such as
DRAMA, FDDI-IT, QPSX, CSMA/RN [7], aul tree-
structured MAN prolocols.
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1.0 Introduction

Networks must provide intelligent aceess tor nodes 0 share the communications resources.
During the last eight years, morc than sixty different media access protocols for networks
opcrating in the range of S0 10 5000 Mbps have been reported[ 1), At 100 Mbps and above, most
local area [LAN] and metropolitan area nctworks [MAN] use optical media because of the signal
attenuation advantage and the higher data rate capability. Because of the inability to construct
low loss taps other than star couplers, fiber optics systems are usually point-to-point.

In the range of 100 Mbps - 1Gbps, the demand aceess class of protocols have been studied
extensively. Many usc some form of slot or reservation sysiem and many the concept of
"attempt and defer" to determine the presence or absence ol incoming information. Local sensing
of the existence of information is used in slot, train and reservation systems such as Cambridge
Ring [2], Expressnct and Fastnet |3]. and DQDB (formerly QPSX) [4]. In slotted systems, long
messages must be broken into slot size proportions contributing to wasted network capacity,
since the slot size sclected is always a compromise over the wide range of integrated (voice,
video and data) tralfic that high data ratc nctworks must carry. Also, recent studies indicate that
reservation systems have [airness dilficultics when servicing nodes at the ends of the bus under
high load conditions[5). Other demand access systems may use a token, like FDDI, but waiting
for the token to rotate can causc slow access especially in longer and higher data rate rings. In
addition, most demand access systems use a master controller mechanism, like in FDDI 1, for

handling synchronous traflic {6, 18].

The random access class of protocols like shared channel systems (Ethernct), also use the
concept of "aticmpt and defer” in the form of carricr sensing to alleviate the damaging effects of
collisions. In CSMA/CD, the sensing of interlcrence is on a global basis. However, as
bandwidih increases, a message spans a smaller portion of the global bus length so network
collisions can reduce throughput significantly, especially at higher load [7]. This, coupled with
the fact that optical broadcast systems have a difficult time building effective low loss taps,
makes global sensing impractical for high spced networks.

Some systems have used a delay line [8] or a bulfer, like the register-insertion system [9, 10},
for alleviating the corruption ol data becausce ol simultancous access. The tree LAN system (8]
uses "attempt and defer”, while the register-insertion system uses "attempt and defer” or "attempt
and hold" under full or empty buffer conditions, respectively. Finally, a hybrid system [11] uses
"attempt and abort" under some conditions but reverts 10 a master controller at high loads when
aborting begins to waste needed network capacity.



All systems discussed above have one aspeet in common, they examine activity on the network
cither locally or globally and react in an "atiempt & whatever” mechanism. Of the "attempt + "
mcchanisms discusscd. one is obviously missing: that is "attempt & truncate”. As noted above,
the amount of spacc occupiced by a packet decreases as network rate increases. For example, at
100 Mbps, a 2K bit packet occupics a space of approximately 4 km along the network ring; at 1
Gbps. this spacc is reduced 10 0.4 km. Thus. a 1 Ghps, 10 km network can potentially have 25
scparate 2K bit packets simultancously in existence over its span.! Thus, as bit capacity of the
nciwork increases with data rate. it would scem reasonable that, at lcast for some load
conditions, truncating a message when itis about (0 interfere with a message on the system and
resuming it later when free spacc is available would be a reasonable aceess protocol to consider.

"Attempt and truncate" has been studicd in a ring conliguration called the Carrier Sensed Multiple
Access Ring Network (CSMA/RN). In this paper, we will describe the system features of
CSMA/RN including a discussion of the node operations for inserting and removing messages
and for handling integrated traffic. We will then discuss the performance and operational
fcatures bascd on analytical and simulation studics which indicate that CSMA/RN s a uscful and
adaptable protocol over a wide range of network conditions. Finally, we will outline the research
and development activitics necessary to demonstrate and realize the potential of CSMA/RN as a
universal, gigabit network protocol.

2.0 Carrier Sensing and Control in Ring Networks

Local carrier sensing and collision avoidancc is used in all "attempt & whatever" mechanizations.
It has been implemented using a delay line for a tree LAN optical network operating in the Gbps
range[8]. This network has a number of receiving links and a transmitting link at the node points
of the tree. Each receiving link can have an incoming signal but only one outgoing signal can be
propagated. The key to sensing sclection is based on a delay line that gives the sclection switch
advanced warning of the incoming signal and hence, a chance to cxercise intelligence to select a
single receiving line and avoid a collision before the signals arrives. This same form of advanced
information detection and control is the key to the CSMA/RN operation.

2.1 Basic Operation

Figure 1 illustrates the characteristics ol @ node in the carrier sensed ring network. The incoming
signal is split into two streams, onc through a delay line or bufler. Note, the delay can be
rclatively short if high speed logic is used in the controller system. For example, a 100 bit delay
at 1 Gbps is approximately a 20 mcter piece of tiber and causes a 100 nanosecond delay. The
node controller, based upon information accumulated, is required to make a number of decisions.
First, it must detect the presence of incoming data; if its cxists, the node must always propagate
incoming information as the outgoing signal to the ncxt node on the ring because it would be im-
possible to recreate the packet unless a much larger storage system is provided [9]. If no in-
coming packet exists, the node is free to place its own data on the ring if its queue is not empty.
However, during the time this latter data is being transmitted, if an incoming packet arrives, then
the node, within the time limits dictated by its dclay size, must discontinue its transmission and
handle the incoming packet. When truncating a packet, the node can place a terminator block at

! Some demand access systems realize this sharing of physical network space by having multiple trains or slots
distributed over the network length.




the end to assist the receiving node with re-accumulating a fractured message.

Packets arc tested at cach nodc to determine if the incoming packet is destined for this node and
should be copied to its receiving data buffer (not shown in Figure 1). Since address decisions
arc required by the controller, packets are nominally removed at the destination, since, as
discussed in Scction 4, destination removal increases network capacity significantly.  As a
protection against packets circulating continuously in casc of node failurc or address errors,
packets arc removed by the source alter one or more rotations by comparing addresses against an
establishced list.

Incoming
packets

—» Dclay

Transmitter

~
-~ .
®
Controller - (
To recciver V From node
bulter queue

Figurc 1| CSMA/RN Access Controller Logic
2.2 Synchronous Traffic Operation and Guaranteed Access

A most diflicult problem for random access protocol systems oceurs when integrated traffic and
guaranteed access are required. In CSMA/RN, we have solved both problems by the use of a

circulating packel reservation (CRP) system? which is similar to the concept we developed in
DRAMA [12].

In the reservation system, a special small packet, about 100 bits, circulates continuously around
the ring for nodes having synchronous tratfic or requiring guaranteed access. The synchronous
traffic is attached 1o this packet. To sct up a call. the node intorms the rest of the network of the
bandwidth nceded and the expected inter-arrival time of messages. After checking that this addi-
tional call does not require any paramcter changes to the protocol, the node proceeds to send
messages as follows. On the cycle prior to the node's need to submit synchronous traffic, the
node through the packet requests that a block of space {ollowing the packet be freed for its use on
the next eycle. The node is [ree to sct this indicator whenever it has synchronous traffic and the
reservation packages is free. When the nodes makes the reservation, it also sets the flag to
busy; after a complete cycle the node changes the flag to free and sends its synchronous
message(s) in the frce space behind the CRP. In most cascs, the capacity reduction due to a
circulating reservation packet is very small so that the net can have one or more packets
depending node count and ring length. The separation of circuiating reservation packets will

ZWe have not considercd implementing an isochronous traffic system as this would requrire a 125 psec. cyclic
control. Qur intention is nol to compete with the telephone network to handle virtual circuits by framed time-
division multiplexing but to integrate periodic traffic into a multi-area, gigabit data network.



limit the size of regular data packets so the number ol reservation packets on the system should
be regulated. The block size requested by a circulating packet depends upon the synchronous
traffic bandwidih requircd and the inter-arrival time of the uscable circulating packets.

As the CRP request circulates around the network, the space is (reed as the packets arrive at their
designated dcestination. Howcver, this space can be uscd (urther if the destination node or any
subsequent node has a message tor any node between and up to the node controlling the
circulating packet. In addition, the node controlling the circulating packet does not need to
request space to a greater extent than needed. for example, a telephone call which goes into the
non-talk phasc, no reserved space or only a minimal block would be required for that cycle.
Hencee, synchronous data block space is used only as needed and unused space does not need 1o
be recovered. As a result, the CRP system and handling of synchronous tratfic should cause
minimal impact on the CSMA/RN nctwork system.

Guaranteed access works in conjunction with thc CRP system. Access is guaranteed one
revolution after reecipt of the frec circulating packet. o guarantee that nodes have aceess 1o Iree
circulating packets requires that a node cannot usc a circulating packet on a number of successive
revolutions. By passing it packcets on, cvery node is will get to sce a [ree circulating packet
within a fixed number of ring revolutions. Access time depends upon the conditions established
for network operations based upon the number of nodces, the number of circulating reservation
packets and the ring length. If the network can not guarantee the access time specified with the
one reservation packet. it can introduce another one into the ring. This will impose a new limit on
the maximum message fength but will lower the current worst case access lime by half after the
same synchronous traffic is redistributed cqually. Alternatively, it circulating reservation packets
are not being used, they can be climinated from the system il access times are acceplable.

2.3 Fairness

Fairness in any basic CSMA system can be a problem since access is based upon statistical prob-
ability. Fairness problems are most likely to occur when a node up stream has a long or a lot of
messages to send and fills all the packets, or a node down stream is sent many messages by a
nodes up stream. For example, when we have non-uniform load such as a node being a file
server or a bridge which both sends and reccives more than other nodes, actual starvation at
either side of this node can occur.

To solve the fairness problem, we propose o use a scheme first investigated for DRAMA [12}.
In DRAMA, a multichannel protocol. a small channel was set aside for transmitting global infor-
mation which among other things transmitted nctwork averages of all channels to all nodes. It is
more efficient to do so than 10 have each node monitor every channel since at any time a node
participated only on a few channels. Nodes usc this information to adjust their bandwidth usage
so that every node would experience approximalely the same access delay. That is, nodes with
lots of information to send obtained lots of bandwidth and those with little got little bandwidth
assigned. The algorithm was totally distributed and was able 1o totally reallocate bandwidth upon
strong disturbances within 30 msec.

CSMAV/RN is not a multichannel protocol, but, analogous to the global communications channel
in DRAMA, we can reserve a small, 100 bit, circulating (airness control message in CSMA/RN.
The information in this fairncss message is the current network throughput averaged over all
nodes and the average wait time per message, call i, That is, it is the average of all nodes



pereeption of the traffic on the network - remember that, in genceral, no node will sce the same
amount of tratfic pass by because messages are taken of{ at the destination.

To keep nm current each node keeps two copics - once from the last cycle and one from the
current cyclc. When the fairness control message comes around, the value is replaced by the one
the node has calculated during the last cycle. The value which was taken off is used to calculate
the valuc for the next eycele as follows:

nin = nmn - last/n + currentin

where n is the number of active nodes. If a node finds that its current throughput is more than
the p% of global-node-throughput, and its wait-time per message is less than g% of the
network wait-time per message, the node is forced to wait for x Kbits hole in that ring cycle.
With this control, a hypcractive nodc is forced to abstain from sending messages on the ring and
giving other nodes a chance to send their messages.

3.0 Performance of CSMA/RN

Both analytical and simulation performance studies of CSMA/RN have been conducted. The
analysis results show that a simple qucuing theory modcl displays cxcellent correlation with the
simulation results. The model assumes cach node 1o be statistically independent with its message
service time a function of the probability of the arrival ol a frec message block based upon the
network load. Under these conditions, the queuing theory model is basically M/G/1 so that the
wait time for messages in the queue can be found directly from the Pollaczek-Kintchine analysis
[13]. Once the message has been scrviced and is placed on the network, the travel time {rom
source to destination is {ixed by the nctwork propagation speed. Hence, the response time for a
network, which is the sum of the wait, scrvice and travel times, is easily obtained.

The major lactor in obtaining accurate analytical results for the above model is a good estimate of
the arrival of frec message blocks so that service time results are accurate.  Two models were
developed which give probability of a frec packet based upon load factor. One ignores and the
other models the effect of packet size based upon packet fracture results obtained from the
simulator. Intercstingly, the former modcel was found to provide better results because, although
packets may fracture, the smaller packets arrive more {requently, so the net result is that the
service time is approximatcely the same, independent of whether many small or a few large empty
blocks arrive.

The simulation was built 10 study the parametric aspects ol CSMA/RN which are not modelled in
the analysis. During the simulation, runs were made to cxamine the statistical properties of the
results so that run-times would provide accurate data. General conditions for the initial simulator
runs include:
(1) packets were removed at the destination and the empty space used by the node to send
qucued messages;
(2) additional header bits required because of packet fracture were not added to the message,
(3) nodes are uniformly spaced around the ring;
(4) all message arrivals are uniformly distributed among the nodes;
(5) all message destination addresscs are uniformly distribute among the nodes other than the
source node; and



(6) all messages arc tixed length.
Additional runs were made where conditions 2) and/or 6) have been removed.

3.1 General CSMA/RN Performance?

The simulation results for a LOkm, 10 node ring, Figures 2 and 3, indicate that under nominal
conditions CSMA/RN provides excelient performance as an access protocol.  First, access or
wait time approaches zero at no load and remains relatively flat until the load approaches 140% ol
the network load. As load increases. wait time, which is dependent upon service time, becomes
unstable, nominally at loads > 2004, Scrvice time remains close to the minimal, no load service
time throughout most of the load range: it remains within a factor of 2 for load levels up 0 120%
network load and with a factor of 4 lor loads up to 200%. Finally, since travel time for a
message on the ring is fixed by the media propagation speed, the total response time in MAN and
larger LAN networks is mainly dependent upon the source to destination length. In any case, the
CSMA/RN access protocol does not slow the travel time, so that a message, once on the network
will move as quickly as possible to the destination.
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Figure 2 Scrvice Time tor CSMA/RN Access Protocol

As mentioned previously, the performance of the CSMA/RN is improved by using destination
removal of messages. This is immediately apparent (rom Figures 2 and 3 ---the 1Gbps network
is capable of handling up to 1.75 Gbps (175% load factor) without saturating, because, on an
average, messages travel only half way around the ring. Thus, load performance for CSMA/RN
and other destination removal networks sysiems, like register-insertion [9, 10}, can double the
basic net capacity.

In the initial simulator studics of CSMA/RN, runs were made varying a number of conditions.
Node counts were varied from 10 - 200 nodes, ring lengths from 2km - 10000 km, and message
lengths from 2K - 2 Mbits. In all cascs, CSMA/RN performance was considered to be excellent
and to correlate closely to the cxpected results [rom the analytical studies up to the maximum load
factor of 200% (2 Gbps).

Additional featurcs were examined using the simulator system. Message fractures were
determined for all runs. In most cases, mean message [racture ratio was below 2.5 for all
conditions above when load [actors was less than 150% and usually below 4 for loads up to
200%. The maximum mcan message fracture was noted for high node counts (short inter-node

3Details on CSMA performance studies can be found in {15}



distances of 0.25km) where mean message (racture was 7 at 200%. Simulator runs made with
overhead added for message [racture (condition 2 above removed) showed a small increase in
wait, scrvice and response times and message {ractures {or load conditions up to 175% .
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Figure 3 Wait Time in Queue [or CSMA/RN Access Protocol

Simulator runs were made (o test throughput at overload conditions. At 250% input load, the
network delivered over 190% of capacity. Simulator runs were made at lower network data rates
to determine whether CSMA/RN is an clfective protocol in the megabit range.  The results
showed that protocol performance was good and as predicted by the analytical modcl at data rates
to 100 Mbps. We anticipate that this limit can be decreased for longer length networks.
Additional simulator runs have been conducted with random message sizes ranging from 2000 -
6000 bits. The results show no signiticant increase in service time or packet fracture but some
increase in wait times at the higher load fractions, as predicted by the Poliaczek-Kintchine
formulation of the analytical model, duc to the increase variance in the service lime.

Finally, a scaling factor suggesied by the simulator model has been shown to be accurate in
predicting CSMA/RN performance for wide arca ring networks. [n scaling, the ratio of network
length to message length is Tixed and the number of nodes remains constant. Simulator runs were
made for 4 conditions up to 10000 km and 2 Mbit message lengths and compared to performance
based upon scaling up (rom 10 km and 2 Kbits. Comparisons showed results were almost
identical. Thus, one can predict performance of WANSs (o be the same as those from scaled
LANSs with the exception that travel time once the message is on the network will be greater.
Using these scaling conditions, CSMA/RN is shown (o provide an excellent access protocol for a
National Research and Education Nciwork[ [4].

3.2 Synchronous Traffic Performance

Simulation runs have been made with the above model (o test the impact of the circulating
reservation system’s circulating packets on the networks asynchronous performance. As noted
previously, the CRPs will limit the maximum sizc that a normal packet can have when the CRPs
are space uniformly along the network. Tests were made on a 10 km, 10 node ring with 4 Kbit
messages. Each circulating packet was 100 bits long. Each circulating packet will reduce the
network capacity by 0.2%. More important, each circulating packet will recur at a node every 50
usec. Tests were run with 1, 2, and 5 circulating packets. Five circulating



packets limit the maximum size of message blocks to 10 Kbits and CRP inter-arrival times to 10
usce.

The results of the runs showed that the maximum impact of the the circulating packets was to
increase the message fracture, especially at low loads. Here, S CRPs produced a [racture ratio
of 1.9 packets per message at 309 load, lor | CRP, it was 1.21 and with no CRPs the fracture
was 1.15. The scrvice time at low loads was also increased by not nearly as significantly. At
high loads, the circulating packets did not have as greatan etfect sinee packets already tend to be
quite fractured and the interruptions by the circulating packets made minimai additions.  The
results indicate that, for nominal circulating packet inter-arrival times of 50 - 200 psec., CRPs
should not nave a signilicant cffcet on the data trattic that the network is carrying. In addition,
we have analyzed a group ol synchronous tratlic scenarios. In all cases, the maximum
guarantced access was less than 1 msce. and in rare cases the maximum message length was
reduced 1o 10 Kbits.

3.3 Fairness Tests*

The CSMA/RN simulator presently available does not model non uniform and highly variable
traffic from a node. However, some examples of the fairness problem were observed and initial
tests were made on the fairness control modcl o determine its cffectiveness. At 200% load four
nodces suffcr severe starvation, sending from 166% to 176% and at 225% load nodes, twelve
nodes had between 180%-190% and live nodes had below 180% throughput. Since the results
are bascd upon random distribution, conditions will vary over different runs and over different
intervals in a run.

We have run experiments with a network in which a spccific node is starving for a certain period
of time under a nominal load condition ot 250%. During a 30 msec. duration of starvation, the
node’s waiting time increasces significantly [rom 425 mscc. to 1038 msec. In this specific case,
the node is unable to sent its messages even at expensc of higher wait-times per message, mainly
due to the fact that the node does not receive many messages and hence, does not see empty
packets on the ring. In such an overloaded net the bus will be practically busy all along its
length, so a node gets 75% 1o 98% chances of sending from being able to take off messages
addressed to it and thercby creating a hole 10 send its message. We have implemented the
fairness control scheme described in scction 2.4 with p and ¢ being 20% each. Now the same
node as in previous case starves only for 20 msec. The wait-time is still high because of the
overload situation being experimented. Most signilicant, however, the node is able o send 86
messages in a 1 msec. period with the fairness control enforced; without fairness control the
node only sent 53 messages in the identical period. This test indicates that the fairness control
system we have adapted from DRAMA has thc potential of solving node starvation in the
CSMA/RN system.

3.4 Comparison to Metropolitan Networks

CSMA/RN, by its basic opcrating premise, is a protocol which works better at higher speed and
longer length networks. Although 100 Mbps is at the low end of effectiveness for CSMA/RN,
we feel it useful to give some calibration of performance by comparing it with well known high-
speed protocols such as FDDI and DQDB. Wec have alrcady shown earlier that CSMA/RN

4Further results on fairness can be found in (5]




exhibits the very low wait time at lower loads due to the nature of CSMA-type protocols and that
the instability point is well beyond 150% olfered load. In Figure 4, we have plotied the wait
times of FDDI, DQDB, and various forms of CSMA/RN {or the conditions of a 50 km, 50 node
network with uniformly distributed offcred load. The legend indicates the basic data rate that a
particular versions can handle; that is, CSMA (.1 mcans that a node can send up to 100 Mbps.
Figure 4 shows that CSMA 0.1 outperforms FDDI significantly although circuit speed is
comparable. CSMA 0.15 ,which has the same circuit speed as DQDB but onc bus as compared

- 10 DQDB's two buscs, performs equal to DQDB at high loads and better at lower loads.  Beyond

CSMA 0.15, all versions arc better than cither FDDI1or DQDB.
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Figure 4 Performance Comparison between High Data Rate Access Protocols

4.0 CSMA/RN Operational System

The analytical and simulation studies indicate that CSMA/RN is a media access protocol which
can operate effectively over a wide range of network conditions. In the following we, will
briefly discuss the operational aspect of the access controller. The access controller must
perform it operations rapidly: for a 1 Gbps systcm with a 100 bit delay buffer, the total
operational time is 100 nanosec. A suggested packet [rame is shown in Figure 5. -

Terminator Pkt # Packet CRC Data Source Add.  Dest. Add. Preamble
16 bits

IEE 16 bits variable length 16 bits 16 bits

Figure S Packet Frame Structure

It is assumed that the network would usc some lorm of encoding, possibly 5:4 bit encoding
similar (o that used in FDDI systems. If a node is transmitting, then after the first 4 bits of the
preamble or 4 nanosec, il is alerted that an incoming message is arriving. The preamble is a
unique 16 bit code. After the 16 bit preamble, the two 16 bit addresses must be decoded. After
48 nanosec., the node can decide whether an outgoing packet must be truncated. If the outgoing
packelt is 10 be terminated the access controller has 20 nanoscc. to make the decision and switch



to place the trailing information into the packet. [t is assumed that the packet count and
terminator block can be prepared before hand, since. in anticipation ol a possible switch, aficr 4
nanosec., the packet CRC system is able to scleet the last bits in the message butfer and complete
its CRC block calculations. Hence. the access controller system has 64 nanoscc. to [inish the
CRC calculation in anticipation that it may he needed.

The aceess controller must contain additional logic related o the circulating packet reservation
and firness control systems. It must remember whether the last reservation packet was set,
maintain a count of the free space requested and the location of the requesting source so that it
can decide whether to free or use the space behind the CRP. For fairness control, it must be
ready to remove and re-insert information in the fairness control packet. However, the logic
for these actios can be madc in a somewhat morce leisurcly time frame.

CSMA/RN can bc impiemented as the low level aceess protocol interfacing with the physical
transport media of the network. However., cqually important it could be implemented above the
present or future frame and channel structure of a tclephone carrier system. The basic
synchronous mode transfer (STM) {ramc/channel structure prescribes that channels of fixed
length are imbedded within a frame. Asynchronous mode transfer (ATM) structures are variable
in length but provide unique header and trailer terminators [16]. Each block or channel carries a
call which at the receiving end is dirccted 1o a transmitter systcm which imbeds the information
into a ncw channcl in a new frame for travel o the next reeeiver. The call information continues

this process from source 10 tcrmination in what is known as a virtual circuit from the source to
the destination phonc. STM [ramces recur every 125 uscc., the isochronous repetition rate, and
carry 8 bits for a data rate of 64 Kbps.

For virtual CSMA/RN, we propose to reserve channels within a frame. Channels are allocated to
form a virtual circuit from node to node in such a manncr that a virtual ring is formed. At the
rceeiving node, those channcls allotted to the ring are examined as they arrive and if empty up to
the delay time window, the node is {rce to start or continuc inserting its queued messages. When
an incoming message arrives it is checked for destination and deleted or forwarded as required.
Synchronous traffic would use the circulating reservation packet system described above and
isochronous traffic, the underlying frame/channcl system. From the CSMA/RN standpoint, the
only difference between the physical and virtual implementation is that, in the latter, there will be
channels occupied by other messages which will bypass the controller logic completely. The
additional problem created by ATM framing would be that the system would have to identify the
frame as belonging to the ring. The advantage is that blocks can be considerably longer than the
basic 8 bit channel so that virtual circuit operations may be smoother. It may be desirable to
implement circulating frames within the ATM system thereby maintaining a reasonably fixed
bandwidth for the network. This condpet is similar to FDDI Il which embeds data traffic in
unused channels in its frame struciure | 18].

Virtual CSMA/RN can be viewed 10 have a number of significant advantages. From an
implementation standpoint it should be able o use logic similar to that now being used in the
telephone switching system. Unlike physical CSMA/RN, the arrivals may have delays between
distinct channels so the node logic may be better implemented with a delay buffer as opposed to
delay line. In addition, it would be anticipated that the ring network could add or release
channels as its load changed thereby keeping the network resources used to a minimum based
upon good performance. Such a system could potentially provide a constant, uniform network
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service over a wide range of network and load conditions. Finally, using the virtual circuit ring
system, multiplc rings could be established adding to over all reliability and to the possibility that
for time-critical transmissions travcl time could be optimized.

5.0 Research Issues for CSMA/RN

Clcarly, CSMA/RN is beyond the conceptual state. To date, studics have demonstrated its
capabilitics, including:
1) virtually immediate access and minimal message fracture for loads up to 150% of
capacity;
2) ability to handle widely varying message sizes;
3) up to 175% of rated network capacity without overload ( 1.75 Gbps traffic for a 1 Gbps
network data rate);
4) synchronous traffic with little overhcad, <1%, with no global master controller and
automatic rccovery of unuscd synchronous traffic bandwidth;
5) guaranteed maximum aceess time < | msece.: and
6) capability to span distances from 2 km - 10,000 km and widc range of node counts.
Hence, CSMA/RN approaches a universal media access protocol for gigabit networks.

There remain many questions and research issucs which must be investigated in order to fully
understand and use this media access protocol to implement gigabit networking. First, better
analytical and simulator models of CSMA/RN performance are required in order to fully docu-
ment its capabilitics under the wide range of conditions cxisting in high data rate networks.
Loads must include both synchronous and asynchronous, non-uniform traffic like that
experienced at servers, gatcways, and bursts 1o and from supcrcomputers and over longer dur-
ations where synchronous traffic is initiated and terminated Thesc are conditions where access
and fairness can become a reality. Alternative forms for handling synchronous traffic and for
fairness control should be examined and compared and the best scheme from both an operational
and performance standpoint implemented.  Further, conditions where guaranteed access is
required should be studied and documcnied. Load conditions should also simulate complex
message traffic including broadcast and multi-cast, error handling for those messages whose
addresses are corrupted, test of performance under sofltware and hardware implemented
acknowledge schemes and the study of the protocol’s influence on upper level protocols, like
TCP/IP. All of these investigations should be conducted over the wide range of network con-
ditions which CSMA/RN is capable ol handling.

Sccond, the controller logic should be built, tested and demonstrated so that its operations as
noted in scction 4 are better understood. While the tirst breadboard model can be built at a lower
speed, later versions should built 10 handle gigabit ratcs. A computer logic simulation should
accompany the hardware logic model so that tests for aliernative and better logic procedures can
be examined. This is espccially true, if the controller logic is required to perform the fairness
calculations within the nanosceond time (rame that would be required in some lorms ol fairncss
control.

The implementation and integration of CSMA/RN into a frame/channel virtual circuit telephone
system under both STM and ATM conditions requires further investigation in order to document
both the performance and the hardware requirements for this form of operational CSMA/RN
systems. The hardware integration should consider the basic controller logic, how it differs from
that of the physical system and what systems can be used or modified within the present and
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future tciephone systems 1o support implementation.  [n addition, it should consider the opera-
tional features of virtual CSMA/RN and how they differ from a physical implementation. An
interesting feature of virtual circuit CSMA/RN is the possible load balancing trade offs between
virtual circuit capacity and network load conditions so that the total system will perform at an
ideal data rate based upon performance and resource cost. One could visualize that over a wide
range of loads, using such a load balancing scheme, the system performance will be virtually
constant and hence, cxtremely predicable by the uscr for both his asynchronous and synchronous
data interchange operations. For ATM broadband ISDN systems, there is the additional possi-
bility where CSMA/RN can provide a longer lasting connectivity scrviee, i.c., a dedicated net-
work based upon a lower level, normally morc transicnt, packet-switched, asynchronous data
service [17].
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Distributed Simulation, No Special Tools Required*
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Abstract

In this paper the authora present a toolkit of C language functions
-that can be linked with SIMSCRIPT programs 6 provide the data
communication primitives necessary for distributed simulation. The
authors’ test case is discussed and some Liming data are presented.
Additionally soine metrics, developed Lo determine the applicability
of Lhe server model decomposilion for particular simulations, are dis-

cussed.

1  Why Distribute Simulations

Computer simulalions are often computationally intensive tasks requiring
long runs in order to obtain useful results. The runtime requirements of
a simulation model can be a problem both during model development and
validation and while performing production runs of the simulation.

The development of computer models to simulate a real world objects
is a well understood problem and number of tools exist to aid the model
developer [1]. Often times, the initial runs of a simulation model provide
more questions than answers and the focus of study is changed. This re-
sults in an evolutionary process for model development, with refinements
directed at diferent attributes as the object or its environment becomes
better understood. Often the complexity of the model also increases during
this process.

As the model is evolving, many runs may be needed to better understand
the object and to verify the correctness of the simulation. The runtime
requirements of complex models can greatly increase the time needed to

*This work was supported in part by CIT under grant INF-89.002.01, by NASA under
grant NAG-1-908, and Sun Microsysiems under RF596043.




Once a model has evolved to the point that production mns are being
made, the ranlime vequirciments again come into play. Olten the outpal
from each rin may only consist of o sinple data point for a praph. Tn this
case wttiple runs of the saome simuafation with different iprts are needed,
This can foree the investigator to reduce the nnmber ol data points collected
in order to reduce the time needed ta generate a graph, resudting in incorrect
conclusions about Lhe simulated object.

Complementary to the problem of long, computationally intensive, run-
times is the fact that many times other computers are sitting idle and can
provide basically free processor eveles to the simulation. In an effort, to
wtilize some of these free evelos, mach research as gone into developing,
alporithms for performing a single sitnulation on a nemhber of losely coupled,
cooperaling processors,

The idea of distributing a simulation model among caoperating proces-
sors involves diflicult problems. Principal among these are the identification
of an effective decomposition of the simulation model. and the maintenance
ol processor synchronization to insure that the program is heing exccuted in
the correct order. The use of very tightly coupled functions and dependence
on shared data, common in simulation programs, makes these problems are
very acute to distribated simulation,

Significant research has gone into these two problems and the results are
promising depending on the model being simulated. It is not our intention
to address these problems in this paper, but rather to select an effective de-
composition and syuchronization scheme that will be used 1o demonstrate
distributed stmalation nsing our commmication toolkit and standard simu-
fation and operating system tools. A coprehensive treatment of the pro-
cessor synchronization and model decomposition problems can be found in
[2,34]. The problem of processor synchronization is more casily solved in
very tightly coupled processors that support very high speed communication

[5,6].

2 Model Decomposition

The model decotuposition most easily supported by the tools here is (o
distribute some special Lypes of model components, here called servers and
receivers, o diflerent machines. The term server is horrowed from ob ject
oriented design: a component is a server sulinodel i i can be represented

as anly sending 1o other model components.



This decomposition can be thought of as o collection of data servers and
and reccivers with no eyceles. With no eveles svuchronization hecomes ecasier
and the problems with deadlock such as that deseribed in [7]is avoided. This
is an casy and wsually uselul decomposition for complex, tightly coupled
models, becanse the extensive data interaction among the model’s parts
are pol interfered with, Other, potential more ellective decompositions ave
outside the scope of this paper.

High performance scientific workstations sharing a LAN are becoming,
common. Since shared memory is not available and imessage passing among
workstations in the network is slow, a decomposition of the simulation task
is only likely to to be effective il messages are inlrequently passed among,
workstations.  This toolkit has heen developed with these constraints in
nind.

The tools support a “warchouse™ approach. Information to be sent to
receivers is “hatched™ and sent periodically as a single large message rather
that as several smaller messapes. T addition, the receiver workstation main-
tains inventories of data from servers, and based on anticipaled consumplion
“arders” additional data periadically so that new data should arrvive before
current supplies are exhausted,

Il data provided by the servers requires significant computation and data
sent Lo the receivers also requires computing time, than significant par-
allelismt can result since the required computation is off loaded from the
receiver workstation, No possibility of deadlock exists in this approach and

synchronization is particolarly simple,

3 Distributed Simulation with Standard Tools

In this paper we present a toolkit of functions that allows distributed sim-
ulation to be carried out in a loosely coupled, general purpose, workstation
ehvironment. without the use of special prurpose operations systems, pro-
gramming languages, or hardware,

The environment for which this software was developed contains a collee-
tion of Sun workstation computers connected via an ethernet LAN. These
arc very loosely coupled UNIN workstations with no shared memory and
only communicate via a shared bus (the ethernet LAN). SIMSCRIPT was
selected as the simulation Linguage because of it wide use in the simulation
community. All processors cooperating in the simulation run programs writ-
ten in SINMSCRIPT and call external finetions for processor commaunication.



The processor conununication functions are provided via the UNIX Inter.
process Communication (IPC) functions [R]. These functions are standard
with the BSD UNIX operating, system and allow commmunication among,
processes bolli within the same computer and thase residing on separate
compulers. Because the 1PPC Innetions are designed to provide communica-
tion among a large number of varying processor Lypes, a significant amonunt
ol overlicad is inherent with data communication. This could be reduced
by writing replacement functions that only provide for the needs of this
simulation, however a design goal was To nse as little custom soltware as

possible.

4 The Toolkit

The toolkit consists of a collection of Tunctions, written in the C langnage
and linkable with SIMSCRIPT programs. The basie functions provided by
the toolkit are interprocess data communications and suflicient processor
synchronization Lo allow a simulation to he hroken into a collection of data
servers and receivers,

To use these tools, one must first determine what in their model can he
thought of as a source or generalor of precomputable ohjects. Inorder for an
object to be precomputed. no information abont current simulation time or
access Lo local variables can be required. The most obvious precomputable
object is random nmmmbers, however, more complex objects imay be precom.
puted based on the simulation model at hand, Onee the data sources have
been identified, the simulation is written as usual, except that the identified
sonrce ohjects are writlen as a separade SINSCRIPT program. This results
in the simulation being tmplemented as a data generator program and a
simulation program. Two O Langnage functions must be called by both the
simulation program and the penerator program fo install the commmnnica-
tions interrupt handler and to identifv eacl ol the generators parlicipating
in Lhe simulation. Fach of the SINNSCRIPT programs must also contain a
function that the C routine will call 1o transler generated data to and from
SIMSCRIPT variables, Fach of these Tunetions are deseribed below.

C Functions
e inst_int(host mode)

— char *host - The wame of the host vunning, the receiver program



.

~ char *fmode - Nust equal “server™ or *receiver™ for the server and

receiver proprins respectively,

This is a € routine that is called by both the recetver and server
programs. Called only onee, and helore any the link sevver Tunetion
deseribed helow, this hrnetion opens a socket for reading, installs the
communications interrupt handler, and initializes the variables used
to maintain the server information.

link server(server host,mode) -

— char *service - The name of the service being identified

— char *host - T'he vame of the host where the server resides

- char Ymode - Must equal “server™ or “receiver” for the server and

receiver programs respectively. .

This C routine is called by both the receiver and server processes
to identily the services that are being used in this simualation. Fhe
function creates a record of the identified server’s information, opeus
a sending socket Tor the server, initializes the list of messages to that
server as null, and adds the server to the list of participating scrvers,

request(servicecommand) -

- char *service - The name of the service heing requested

- inb command A command 10 be sent Lo Lhe server. Fhis com-
mand integer is not examined by the tootkit: it is completely
definable by the model and server developers.

This C routine is called by the siimulation module 1o request more
data items from a server. After the request is senl, control is relurn
to the simalation soltware. AWhen the requested data are received, the
simulation code will be interrupted and the toolkit will make a call to
user provided accept_data routine, described helow.,

SIMSCRIPT Fuunctions

o acceplodata given service, data, fength

— service - text variable containing the wame of the service sup-
plying the data. This field is nsed Lo ronte data to the correet
inventory.



= data - memory tor objects ereated. This memory space will be for-
matied by the server to hold the datain the correct SIMSCRIPT

formalt.

- ength - This s the length in bytes of the data area,

The aceept_data function is called by the € routine that performs
the socket reads when new data arrives. Because the arrival of data
causes and interrupt to be serviced and this function is called during
that interrupt, the code may be executed at any time. This will have
an tmpact on the simulator’s use of pointers or indices to the inventory

of data.
! o lill_request given service, data, vieldiag length

— service - Text variable containing the name of the service heing

‘ requested.

— data - memory Tor objects being created. This is unformatted
memory and can beinterpreted and filled according to the objeets
heing requested.

~ dength - Integer vaviable returning the Tength in bytes of the data

Lo be supplied.

This SIMSCRIPT function is the server complement to the accept.
data function. Whew a request for objects is received by the commu-
nications handler, this Tunction is ealled to (1l the request. As before,
becanse the connmunications are interrupt deiven, this function can be

called at any time,

After the receiver code has heen moved to a separate program, addi-
tional SIMSCRIPT code will Tave to he added to the receiver program to
manage the remotely generated data. This additional code keeps track of
the available inventories of remotely generated data, placing requests for
additional data when the local inventory falls below some threshold. Tow
this threshold is caleulated is diseussed in o later section.

The receiver program may itsell be a dala source, for example generating
simulation data that are sent Lo additional programs that provide stalisical
analysis and summary reports or to other servers for graphical display.
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5 Timing Data and Decomposition Considerations

Message passing overhead must be considered when designing any type of
distributed processing. To decide if any specdups can be expected for a
simulation using the server model decomposition. some analysis for message
passing Limes verse tocal computational costs shonld be performed. The

following definitions are used to perform this analysis.

o C1O - Overhead induced by servicing a communicalions interrupt.
This inchudes the time required to transfer data from the commu-
nications buller to a SINSCRIPT variable.

o (SO - Overhead induced by actively sending a message to another

server,
o C'I'I' - Time for a command message to travel between Lwo hosts.
e D'I'I" - Time Tor a data messape to travel between two hosts,
o MS'T - Minimum time required Lo supply objects,
e OS - Order size. The number of items shipped in each order,
o ECR - Expected consmmption rale for generated items.
e DCC - Distributed computation cost.
o L.CC - Local computational cost for generaling one object

o RGT - Remote generation time. The time required by the server to
generate the values. This value is determined by OS and LCC.

e I'BO . Time between orders,

Assume that the generators have precompited more of the objects than
will be requested so that the time that the penerator will spend processing
a request is 0. With Lhis assminption we can define

DCC = SO+ TT N

LCC = 1o 4 Drr (2)

MST = Doy Lo h
7



Clearly the formulae helow must hold or it will always be faster to com-

pite the objects locally.

OS> MST v (1)
OS+ LCC > ClO 4 (850 (5)

In many cases, unless 1,CC (the cost of computing the data locally) is
significant, OS will have to be large to make this approach feasible. Practi-
cally speaking, since for most simulations the actual consnmption rate can
vary, OS * LCC shonld he significantly larger than C1O + ('S0,

In order to assist in determining, the potential effectiveness of using this
approach for distributed simulation, some timing, data was collected for 1.CC,
ClO, CSO, and CT. The variable BCR is wodel dependent and, with the
other variables fixed, OS can be determined.

Timing data for message passing among, Sun workstations connected via
cthernet networks and bridges was collected. The thines required for message
passing are nol signilicantly allected by message length as long as are less
than the maximum packetl length for the cthernet (1500 bytes). Messages
were passed between processors that resided on the same physical network
and those on separate, bridged networks. As can be seen helow, messages
that had to go across bridges took twice as long as those that stayed on a
single network. Al data was collected when the network was lightly loaded.

Packet Size: 100 bytes
Number of Packets  Single Net (seconds)  Bridged Nets (seconds)

100 | 3
200 5 9
1.000 Y 23
5.000 ih 112
10,000 N7 206
50,000 435 14

Packet Size: K00 hytes

Number of Packets

Single Net (seconds)

100 } 3
H00 G IR
1.000 Il 20
5,000 6Hix 137
10,000 118 256
H0,000 513 (113

Bridged Nets (seconds)




Packet Size: 1000 bytes

Number of Packets  Single Net (seconds)  Bridged Nels (seconds)
100 2 3

h00 b 20

1000 16 13

5,000 70 171

10,000 156 332

50,000 703 1,721

Analysis of the above data gives the following, table of average times and
thironghput rates. Times are given in seconds/hyte and throughput is given

in bytes/second.

Packet Size

Average Time (sec.)  Thronghpat (bytes/sec)
Intra-net  Inter-net  Inlra-net Inter-net

100 0.000087 0.000194 1,400 5,100
500 0.000022  0.000047 16,000 21,600
1,000  0.000015  0.000034 63,000 29,000

To obtain values for the variables LCC, CSO, and ClO, the UNIX prof
command was used. This is a standard UNIX tool that profiles executable
code and generates reports on number of times each function is called, time
spent during cach call, and total time spent in the Tunction during program

exceution, For more information on the prol conunand see [9].

6 Example

As an example, consider the generation of normally distributed random
numbers. The machines nsed are Sun 3/60 workstations with & megabytes
of memory. LCC was found to be 0.1 ms; the CSO and CIO were both 0.025
ms. The table below shows values for OS with corresponding FCR values,

9



ECR/minute 0S  Ovders RGT TBO MST

10,000 no 200 0.005 0.30 0.002
100 100 0.010 0.60  0.013

500 200 0.050 3.00  0.061

1,000 10 0.100 600 0.121

5.000 2 0500 30.00 0.601

100,000 H0 2,600  0.005 0.03  0.002
100 1.000  0.010 0.06 0.013

Hoao 200 0.050 .30 0.061

1.000 100 0.100 0.60  0.121

5.000 20 0.500 200 0.601

100,000 50 10,000 0.005  0.006  0.002

100 H000 0.0 0012 0.013
- H00 1.000  0.050  0.060 0061

1.600 Ho0  0.100  0.120 0121
H.000 100 0.500  0.600 0.601
1,000,000 S0 200000 .005  0.003  0.002

100 10,000  0.0§0 0.006 0.013
H00 2.000  0.050  0.030 0.061
1.000 1.000 0,100 0.060 0.121
5,000 200 0500  0.300  0.601

Two points can be made from this table. First, when the order size
becomes farge, the communication time for transferring the mnmbers from
the server to the simtlator hecomes Larvger than the time required to compute
the values locally. As long as the time needed to consume the numbers is
greater than the MST, a speedup is possible with the server decomposition.

Secondly, when the ECR becomes very large, Lhe remole server cannot
keep up with the FCR, the receiver will be foreed to wait for the server to
generate numbers. I Lhe fime spent waiting is signilicantly less than what
1s required Lo compute the vadnes locally, then the server decomposition still

provides speedup.

7 Conclusion

The toolkit that we have developed can be use 1o develop distributed simnla-
tion applications without having to inveslt in new environments or training.
SIMSCRIPT and the UNIX operating system are widely available, allow-
ing easy access to these tools. The toolkit is composed of 650 lines of C

10



code and requires about approximately 50 lines of additional SIMSCRIPT
code per server/receiver pair to be added Lo the simulation model. The user
of Lhiese tools need only he concerned with three € function calls and two
SIMSCRIPT rontines, so the complexity of the simulation program is not
significantly alfected.

Use of these tools requires decomposing a model into components in

which information flow is unidirectional such as traflic arrival generators,
statistical analysis procedures, or graphical displays.
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Alternative Parallel Ring Protocols®
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Abstenet

Conunicalinn protoeals are known to indlienre the niilization and
performance of eommunication uebwork. Tn this paper, we investigale
Lhe elfoet of two token-ring protorols on n gigabil network with omitiple
ving structure. I the dirst protacol, a node seds at mosh one imessage
on reeviving a token. In the second protacol, a node sends alt the
waiting messages when a token s reeeived. The heliavior of these
protocols is shawa Lo be highly depeadent on the tunnher of rings as

well as Lthe Lhe Joad in the network.

1 Introduction

The use of parallel commupication channels Lo achieve a pigabit nelwork is
wovery inferesting concept. Fsperially, il gigabit network needs to be built
from an existing common carrier system. a network of paralicl channels may
be a viable alteruate. However, its appropriateness can only be ascertained
after determining its behavior nuder different laad conditions. To this end,
we chose a parallel ring network operating on token-hased protocols.
Currently, our studics are restricted to two token-ring protocols. With
each of the protocols. a Loken is assigned Lo cach of Lhe rings in the network.
All tokens rotale in the same direction. While a node is holding a token for

transmission, it cannot holid any other token.

1. Exhanstive Policy: Under this policy, when a node obtains a token, ity ",
transmits all the messages in its quene, and then releases the token. i+

ant INE.R_001, by NASA under
/
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2. Non-exhaunstive Policy: Under this policy, a node can transimit al most.

one message when il receives a loken.

In this report, we deseribe the results obtained from simulalions of these

two protocols. From these resnlts, we make some comments regarding the
appropriateness of parallel ring structures operating at gigabit speeds.

Input Paramcters

In order to determine the hehavior of the multiring token-based protocols,
we have run a number of experiments. Following is a summary of the input

Since we are only interested in gigabil networks, .we have considered
. (4 .
the total bandwidth of the network to he 10? bits/see.

Wien there are I rings in the system, cach ring has a bandwidth of
109/ ¢ bits/see.

Since token-ring protocols are only relevant for local area nets, we
considered a total ring length of 30 K, with 30 cqually spaced nodes.

The propagation delay on Lhe network is taken to be half the speed of
light (i.c. 150Km/msec).

For simplicity, we assume constant length messages (10K bits). Fach
message is transmitled as one entity (i.c. no fragmentation).

The load on the network is expressed in terms of mean-Lime hetween
arrivals (m) ol messages al any node. Low loads are represented by
m = 1.0, which denoles Lhat one the average a message may be cx-
pected once every | msee at cach node. High load is represented by
m = 0.31. We have used = 0.5,0.4,0.35 as other values, Message

arrivals are assumed Lo be Poisson.

3 Results

The performance of the protocols is based on simalation of the network. The
simulation was carricd ont for 10 seconds, The system was let to stabilize
in the first 5 seconds, and the statistics were then taken in the sccond hall

of the experiment.




We make the following observations lrom Lhe obtained results:

o In Figure 1, we compare the average time that amessage at the head

of a queue al a node needs to wait hefore a token on any of the rings
is captured. ‘This time is also generally reflerred Lo as residual time
of the token inter-arrival time (RI3). When the inter-arrival time
of messages (at cach node) is al least 0.5, the residual time is less
than 0.3 msec. As Lhe mean-time between arrivals decreases, this time
increases significantly, Certainly, having multiple vings results in a

reduced Ry,

Figure 2 illustrates the effect of number of rings on the average waiting
time of a message. Under the exhaustive policy, the average waiting
time (RT7) is less than | msec for m < 0.35. The benefit due to the
presence of multiple rings is more apparent at high loads. For low
loads (m > 0.5), the average wailing time is almost the same as Rify.
This is obvious since the guene sizes are generally very small.

Under the non-exhaustive policy, single-ring networks cannot tolerate
situations where m < 0.5, (This can also be proved analytically).
When there are at least & rpings, the system can tolerate values of
m > 0.35. When m = 0.31, however, Lhe system has very large queues
(hence not shown in the fignre), resulting in very large average wailing

times.

Figure 3 summarizes the relationship between average token interar-
rival times and the number of rings. Obviously, the average token
inter-arrival timme (E[T]) at a node decreases with the number of rings,
since the number of tokens is now increased. This decrease is more
pronounced at high loads (m < 0.31). Under the non-exhaustive pol-
icy, the token inter-arrival Limes are quite low (even under high loads).
This is not surprising knowing that in this protocol at most one packet.
per node per token is only transmitted. With the exhaustive policy,
however, the token inter-arrival times for the tokens could be signifi-
cant for smaller number of riugs.

Figure 4 illustrates the randomness of the measured inter-arrival times
of tokens. This randomness is cxpressed in terms of the ratio of
the standard deviation to the mean of the token inter-arrival times.
The ratios are higher for the non-exhaustive policy. Since the non-
exhaustive policy sends at most one packet at a time, while the exhaus-



tive policy sends all the pending, packels with a token, this observation
is connter intuitive. \We are attempling to explain this phenomenon
throngh some probabilistic analysis. Generally, this ratio seems Lo in-
crease with the number of vings (at least up to 8 rings). Beyond eight
rings, the behavior of his ratio scems to depend on the load factor

(m).

Figure 5 describes the relationship between response time and the
number of rings for different loads. Response time includes the time
to wait in Lhe queue, the time for transmission, and the time for prop-
agation from source node to destination node. For low loads, since the
waiting times are approximately constant, there is a slight increase in
the response time with the increase in number ol rings. The increasc in
respouse time may be explained by the increase in transmission delay
duc to reduced bandwidth per ring. The behavior of the average re-
sponse Lime for hoth non-exhaunstive and exhaustive policies is similar
to that of the average waiting times in the queue.

Figure 6 summarizes the variances in the respouse time. This scems
to be quite dillerent from the variances in the waiting times. First,
the variances of the exhaustive and non-exhaustive policy are now
comparable. Sccond, the variances are much less than those in Fig-
ure 4. Once again, we are investigating the possible causes for this
phenomenon.

Average Loken rotation Lime for cach ving is also an important per-
formance metric. This metric is shown in Figure 7. In the case of
exhaustive policy, as expected, the token rotation time is independent
of the number of rings (since increase in ninnber of rings also increases
the transmission delay by the same extent). The behavior of the non-
exhaustive policy needs more investigations,

Determining the probability with which an arriving token is used to
transmit messages ( fr) is useful in describing the utilization of the
network. This relationship is summarized in Figure 8. Clearly, the be-
havior of fr differs under the exhaustive and non-exhaustive policies.
For low loads (c.g. m = 1.0), both policies exhibit similar behavior.

Figure 9 summarizes the behavior of the average waiting time in the
quene ander the two policies. This is similar to Figure 5. Figure 11
describes this information for messages that were not in the head of




the queue (obviously relevant only with the exhaustive policy). Figure
10 displays Lhe average time amessape wailted from the time it arrived
to the time its last bit left the node. Clearly, this is similar to the

times in Fignres 5 oand 9.

The number of packets that were transmitted per node for each arrival
of a token is also a metric ol interest. igure 12 describes this metric
(E(L]). Not surprisingly, the patterns in this figure are similar to the
oncs in Figures 5,9, and 10. The plots for the non-exhaustive policy
arc not relevant since il only transmitls al mmost one packet each time

with a token.

Network utilizalion is a very inportant metric in determining the abil-

_ity of a protocol to function at high loads. Figure 13 summarizes this

metric for the two policies. With the non-exhaustive policy, with a
single ring the network (actually with a capacity of 1 gigabit/sec),
can't have more than 60% utilization of the nctwork capacity (cven
when the input load is high). This is certainly a restriction. Similarly,
a two-ring network cannot have more than 75% utilization. The ex-
liaustive policy, however, scems to place no such restriction, and the
utilization appears to be independent of the number of rings.

4 Conclusions
From the above results, we make the following conclusions:

o At allloads, irrespective of the policy, there is a gain in having multiple
rings. Whether this gain reduces when the number of rings increases
(and hence the bandwidth of cach ring decreases) beyond a certain
point, is you to be seen. We propose 1o experiment wilth 32, 64, and
128 rings Lo make stronger conclusions about this impact.

e Gigabit speed networks with a small number of parallel rings (1,2, or
3) will limit the utilization of the network. Thus, the total capacity
of the network can never be ulilized. The exhaustive policy, however,
scems Lo perform well with any number of rings.

o The reduction in response lime seems to be significant with maltiple
rings and at high loads. Certainly, there is a noticeable reduction in
response even at medinm foads with the multiple ring structures,



o 'The token inter-arrival secms to be significantly aflected by the number

of rings and the choice of the policy. This fact is very significant when
parallel networks are used to support real-Lime applications.

I summary, Lhe results are very interesting, but some more studies with
other policics, bigger networks (more nodes, larger lengths), and more rings
need to be carried out bhefore a well established guidelines are set towards
the design of parallel gigabit networks.
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Performance of Gigabit FDDI
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Abstract

Greal interest exists in developing high speed protocols which will be able
to support data rates at gigabit speeds. ITardware currently exists which can
cexperimentally transmit at data rales exceading a gigabit per second, but it
is not clear as Lo whal Lypes of protocols will provide the best performance.

One possibility is Lo examine currenl protocols and their extensibility to
these speeds. This paper invesligates scaling of FDDI Lo gigabit speeds. More
specifically, delay statisties are included to provide insight as to which param-
clers (network length, packet length or number of nodes) have the greatest

elfect on performance, !

I"I'his work was supporicd by CI'T grant I1F-89-002-01, NASA grant NAG-1-908 and Sun Mi-
crosystem granl RF 5960431.




1 Introduction

Lasers, oplical fiber, and related optics technology have recently redefined the bot-
tlencck in data communications[2,4,6,7} such that the communications channel is
no longer the limit to information processing. Instead, the issue has become one
of whether or not a computer can generate and/or process information at the rates
which are now available. Applications for interactive video such as a surgeon ex-
amining a 3-1 display of an organ can readily use such high bandwidth, but the
computer itsclf is not able to generale images at a rate which will consume such a
high bandwidth for an extended period of time.

Nonctheless, greal interest exisls in extending the communications capacity. Al-
though a single computer may not be able to use such high rates, a large number of
nodes can, and a nalional rescarch initiative is ongoing in an attempt to develop a
gigabit channel for applications such as a national rescarch network(3].

2 FDDI

FDDI[9] is a 100 Mbps fiber optics ring which is commercially available and currently
being used primarily as a backbone for internetwork communication. The cost
(about $10,000 per node) is a major factor prohibiting its use in workstations,
but this is expected Lo drop significantly as the product matures. Given its likely
widespread use, we investigate in this paper the cffect of using a gigabit transmitter
in this type ol network.

FDDI is [undamentally a token ring network. The distinctive characteristics of
the network arc ils usc of fiber oplics and associated high data rates, a dual counter
rotating ring Lopology and a token holding timer algorithm to determine the length
of time for which a node may haold the token and transmit data. Although FDDI
is a dual ring, the sccond ring is primarily intended to allow for healing in the event
of a damaged link[8]. For this rcason, only one ring is modclled.

The token holding timer algorithm is one whereby each node keeps a local timer
as a means of determining how long it can hold the token for transmission. It is
intended to place a bound on access delay for synchronous traflic. Each time the
token arrives, the clock is reset. Il a sufliciently small amount of time has expired
(less than an amount ncgoliatcd among the nodes called the target token rotation
time, TTRT), data may be transmitied for TTRT minus the lapsed time on the
timer when the token returned. At that point the token is released[1]. Consider
the case wherc the TTRT value is set precisely at the level which will let every
node transmit its data on cach cycle(rotation) of the token. If TTRT is reduced
by one-half, half of the nodes (actually less) will be able to transmit during each
rotation. The overhead of passing the token becomes more significant and utilization
is decreased. For a more detailed discussion, see [1}. In order to minimize this as



a factor, the TTRT value was set arbitranily high (20 milliseconds) i these runs.
Only asynchronous traflic is condsidered.

3 Paramecters and Metrics

Clearly, extending the rates will immprove pecformance over standard FDDL Packet
Lransmission Limes will he proportionally reduced and propagation delays will re-
main Lhe same. The question is Lo determine which Tactors will have the grealest
impact on such a network so that the environment in which it can best be ulilized
can be better understood.

It is anticipated that the predominant factors which will affect performance are

L. mumber of nodes,
2. length of the network; and

3. packel lenglh.

For the simulation, cach of the three parameters above have been tested over a range

of three values each as lollows.

Nodes 10, 100, 1000
Network Lengtlh 1Km, 10Km, 100Km
Packet Length 5K, 10K, 15K

Given the large bandwidth of the network, it is anticipated thal large nuinbers of
nodes can he supported. Length has been considered to include LAN, MAN and
WAN scenarios and packel length varies from 5000 to 15000 bits.

The melric used to evalnale performance is delay. This is a measure of the time
between arrival of Lhe message at Lthe node Lo delivery of Lhe last bit of the message
al the destination. Other melries frequently used in network analysis include access
delay(time to beginning ol message Lransmission), thronghput and fairness. Access
delay is not graphed becanse we are concerned with the impact of distance on the
nctwork and want to include the impact of propagation delays as the distance is
lengthened. In the resulls shown here, the only cases considered are those in which
the network is less than Tally loaded so that thronghput is equal to offered load.
Fairness of FDDU has been shown in [5). There is no reason Lo assume that an
incrcascd transmission rale will allect fairness so it too has been ignored here.

4 TResults :

For the purpose of comparison, cach of the following graphs use the sane scaling.
T'he x-axis represents load on the system in percent of the transmission rale of the



network. "FPhe y-axis represents delay in thonsands of microseconds. The resnlts of

selecled rons from the sel of runs deseribed previonsly are shown.

4.1 Nodes

I a typical Loken ring network, the number of nodes affects performance in two
primary arcas. First, there exists a delay introduced on the ring al cach node
which is using the network. Second, for cach node capinring the token on a cycle
around the ring, the token arrival Lo other nodes is delayed by an additional token
retransmission. I addition, there is a delay belween recognition of Lhe token and
transmission of the quened packet. This is explained in {1]. For these reasons the
number of nodes has an adverse elfect on performance, bul the impact of number
of nodes varies as explained helow.

Figure 1 shows the effect of varying the number of nodes in four different sce-
narios. Vertically the graphs have the same packels size and horizomlally Lhey have
the same distance. Note that in every case, the number of nodes has a negative
cffect, however Lhe effect varies wilh cerlain combinations of the obher paramcters.
A comparison of the graphs horizontally shows that if the load is distributed in
smaller packels, the number of nodes has a greater effect than in if the load the
packel size is larger. This can be explained by the fact that the overhead time
required for a token caplure does have an impact. As the packel size is smaller and
Lhus distributed to more nodes, additional nodes capture the token on each cycle,

introducing additional delays.

4.2 Packel Length

As described in the previons section, packel length and number of nodes, in combi-
nation, can have an eflecl on performance. Fipure 2 reinforces the previous results.
The three graphs show scenarios where the mimber of nodes equals 10,100 and 1000.
Notice thal in cases a and b, the effect of packet size is practically insignificant..
HNowever, when the number of nades increases to 1000, the delay varies significantly.
Casc c shows Lhal increasing Lhe packel size from 5000 bits to 15000 bils culs the
delay in half for up to 80% and by a significant. quantity for 90%.

4.3 Ncetwork Length

The last set of graphs in Fignre 3 shows four scenarios similar Lo figure 1. One would
likcly anticipate that the impact of propagation delay is simply a matter of being
relatively large for the 100Km case and proportionally less for the other two cases.
Cases aand hindicate that although the inereased lenglh has a negative effect on the
network, it has a worse effect as the nistaber of nodes increase in conjunclion with
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Lhe neltwork lenglh Lhan il the packel size size is decreased in conjunction with the
increased nelwork length, In the cases a and b, delay is at or below 2 milliseconds

for all values of distance over the entire range of loads.

5 Conclusions

This paper shows the eflect of the number of nodes, nclwork length and packet
lenglh for I'DDIT al gigabit speeds. Most of the resulls show that over the range
of parameters examined, delay is on the order of a couple of milliseconds for loads
helow Lhe 60% level. As load increases above 60%, the delay degrades al different
rales depending on the specific case examined. The number of nodes is the one factor
which has the greatest effcct, on performance of the three paramelers considered. In
addition, the number of nodes compounds the problems worse when increased in
conjunction with reducing packel sizes.

Recent rescarch has shown thal the number of nodes can in fact be used to
reduce the delay and increase throughput throngh a medification to FDDI. The

rcader is referred to [1). Further rescarch should investigate the degree to which
the advantages of increased nuwmbers of nodes in a modified FDDI can balance the
disadvantages mentioned above and how to whal extenl increasing packet size will

have an advantageons eflect on performance.
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Distributed Simulation of Network
Protocols*

F. Patcrra, C. M. Overstrect, and K. Maly
April 16, 1990

Abstract

Simulations of high speed network protocols are very CPU inten-
sive operations requiring very long runtimes. Very high speed network
protocols (Gigabit/sec rates) require longer simulation runs in order
to rcach a steady state, while at the same time requiring additional
CPU processing for each unit of time because of the data rates for the
traflic being simulated. As protocol development proceeds and simula-
tions provide insights into any problems associated with the protocol,
the simulation model often must be changed to generate additional or
finer statistical performance information. Iterating on this process is
very time consuming due to the required runtimes for the simulation
models. In this paper we present the results of our efforts to distribute
a high speed ring network protocol, CSMA/RN{1].

1 Introduction

Computer simulations of real world entities can be computationally intense
tasks taking many hours or even days to run. Simulation analysis of net-
work topologies and protocols is of this type. Because communication media
speeds are ever increasing, a need exists for protocols which can fully use the
newly available bandwidth. Their development, however, relies on the use
of computer-based simulations. One promising method for lowering the tigm; N

*This work was supported in part by CIT under grant INF-88-002-01, by NASA under 4
grant NAG-1-908, and Sun Mictrosystems under RF596043. '
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One such protocol currently understudy al Old Dominion Universily is
a gigabit ring network called CSMA/RN. This a fiberoplic, carrier sensed,
multiple access protocol that operates nominally at 1 gigabit per sccond.
Because of the amount of simulated traflic that must be processed belore
the network reaches a steady state is very high, long simulation times are
required. In addition, because cach second of simulation time accounts for
a large amouut of data, hence simulated events, each second of simulation
time take longer to process.

2 Model Decomposition and Processor Syn-
chronization Schemes

While we are interested in nsing distributed simulation as a tool lor studying
high performance networks, questions concerning the effective distribution of
a simulation model must he addressed: decomposing the model into cooper-
ating processes, and imsuring that the results of the distributed simulation
malch those obtained in a single processor version.

Key to efficiently utilizing concurrent computing techniques is determin-
ing an cffective decomposition of the model. Becanse the environment which
is most cominonly available is a munber of losely coupled workstation com-
puters, connected via a low speed network, the overhead of interprocessor
communication can casily exceed any time gains resulting from the concur-
rent computation. ‘This implies that a successful decomposition will attempt
to minimize the amount of interprocessor conumunication,

Three basic methods for performing model decomposition have heen iden-
tified as workable for certain problem domains: server decomposition, phys-
ical iodel decomposition, and arbitrary decomposition.

The server method requires that the developer identily support functtons
to the simulation, such as random number generation or events list main-
tenance, that can be isolated and placed on separate processors. In this
scenario one processor is lefl Lo run the main simulation while other pro-
cessors provide the supporl functions.  [2] and [3] have used this method
successlully to reduce sinmlation times by as much as 80%.

To allow further study of the server model, Old dominion University has
developed a suile of tools, deseribed in [}, that can be linked to sitnulations



written in Simscript, C, or Pascal to provide Lhe necessary communication
and handshaking software for server model decompositions.

In contrast, physical model decomposition breaks the model into submod-
cls corresponding to the components of the physical system heing simulated.
Different components share a single processor or may be execute on sepa-
rate processors. This method results in a loosely coupled distribution which
can, under some circumstance may reduce the conununication requirements
among processors. The drawbhack of only be able to utilizes many processors
as Lhere are conenrrently operaling components in the corresponding physical
entity. This method scems casily applicable some communication network
protocol simulations such as the CSMA/RN protocol described in [1].

The arbitrary method of model decomposition is Lo simply divide the
model mlo as many parts as available processors, making Lhe breaks where
ever convenienl from a programming point. of view, such as programming
modules. This vesulls is a decomposition which may require more interpro-
ccssor communication, hut could also allow greater concurrency during the
run. There is little chance for reduction in simulation time with this method
given the runtime environmenl. A betler environmment. for simulations em-
ploying this decomposition would be a tightly coupled set. of processors work-
ing with a pool of shared memory.

While cach of these mayv provide some reduction in serial computer time,
cach only works well for some small problem domains and have not been
shown to Tunction well in the general case.

The second major problem faced by distributed simmlation researchers is
that of processor synchronization. 'I'wo methods are much discussed in the
literature, the "conservative™ and the "optimistic™ methods. However, as
with model decomposition. neither appears to work well for all problems.

Both the conservalive and optimistic methods rely on developing a usable
decomposition of the simulation model, and ranning cach component. on
scparate processors. ‘The conservative method allows the parallel exceution of
events as long the cvents can be insured to be sale. A safe event is one who's
inputs are fully defined and will not be directly or indirectly affected by the
output of any other event. A more complete deseription of the conservative
method synchronization can he lound in 5).

The optimistic method, also called Time Warp, allows all processors to
execute the events as soon as they are available, regardless of their relative
logical times and the state of their inputs. As inappropriate Liming sequences



are detected, the simulation for the node with the inappropriate sequence is
rolled back to a carly time when the simalation was known to be correct and
then restarted. In order to "roll back,” the stale of the computalion on cach
processor must he saved al various points, so that that process state can be
restored il thal processor must be rolled back. Saving the states may incur
more overhcad than the benelits gained by the distributed computation. A
good introduction to the optimistic or Time Warp method ol synchronization

can be found in [6].

3 Experiences

Four possible decompositions of the CSMA/RN model have been studied, all

are described below.

3.1 Physical decomposition, one node per processor

The first attempl resulted in a decomposition of the cvents list based on
node. Bach node in the network was assigned to a physical computer and
cach computer maintained its own events list.

We found that this decomposition resulled in a [/O bound, very tightly
coupled model that was executed in lock step form, with all processors wailing
for a single resource, the ving media. Because CSMA/RN is a carrier sensed
network, messages being transmitted may be interrupted if another messages
passes the sending node. As the simulation runs, new messages enter the ring
and can cither 1) be successfully placed on the ring or 2) are interrupted by
passing messages. This means that cach node, belore transmitling a message,
must determine thal the ring in front of the node is not occupied and must
have knowledge of the next time a message will pass in front of the it in
order to propetly terminate the transmission (as complete or interrupted).
In addition, because the network has a ring topology, any node can influence
any other node, so global information aboul the state of the ring is required
by all nodes before each transmission. Finally the amount of computation
al each processor hetween interprocessor communication operalions is very
small therefore the processor spend most of their time waiting for 1/0 and
comparatively little time performing the simulation. This decomposition
resulted in longer runtimes than the single processor model.



3.2 Physical decomposition, one node per processor
with replication

The second method studied also assigned a separate processor to cach node
in the network, however because global information is required by each node,
all parts of the simulation that could effect the node was run on each local
host.

This decomnposition resulted in a very loosely coupled model that required
virtually no interprocessor communication. lach processor was loaded with
very computationally intensive code, but resulted in most of the simulation
being replicated on each processor with corresponding replication of com-
putations. In order to determine which operations, all operations of the
simulation were independently studied for interoperation dependencies. The
complete analysis can be found in the appendix, lhowever, the collection of
stalistically data was identified as the only opertations who's execution did
not require global information and therefore could be executed separately for
cach node in the network. If statisties collection consnmes a large percent.-
age of the runtime, then the amount of statistics time would be divided by
the number of nodes in the network. Unfortunately, as shown in the analy-
sis, stalistics collection represents a very small percentage of the runtime so

observed speedup wonld have been minimal,

3.3 Segmented ring

The third method studied was an altempt to incrcase the amount of pro-
cessing on cach physical processor and reduce the amount of interprocessor
communication required. The network ring was to be segmented, as shown in
the figure below, and placing a number of simulated nodes on each processor.

This method to suffers from the same some ol the same problems as the
first decomposition described. There is a high level of computation than
in the first method, however, at the points in the simulated network where
the ring must pass Lo a new physical processor, the execution be comes lock
stepped again. The resulting simulation allowed one processor, representing
a bank of connecled nodes, to operate for the length of time equal to the
simulated network propagation delay for the two nodes that reside on the
beginning and end of the adjacent ring segments.

With this and the first decomposition studied, the problem of deadlock

by |



Fignre 1 Segmented Ring

had to be addressed. Bach processor in cooperaling in the simulation must
communicated with the processor representing the nodes behind its nodes
on the ring. Because Uhis is a ring inlerprocessor breaks of the, there is
no concept of beginning or ending to the network so the dependencies are
circular. A scheme to insure that the simulation progress was developed.
liowever because the Lhe speedup would be limited, if observed at all, it was

not fully detailed.

3.4 Server Decomposition

One obscrvation made during our tests was that if data could be provided
by one module Lo a sccond one without a Lime dependent cycle developing,
the synchronization needs are el less. The major problem being addressed
currently is the developmicut of mctliods for model decomposition that reduce
the amount. of intermodule Lime based dependency.

Using static code analysis tools previously developed at Old Dominion
Universily, we are performing data flow analysis of cxisting simulation niod-
cls, written in the SIMSCRIPT, C, and Pascal langunages, to determine the
prevalence of code sections which either supply and/or consume time inde-

6
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pendent data objects during the simulation run. One najor problem maybe
the the relative costs of compnting the data objects. Sumple objects, such
as random numbers, can be computed quickly, so the overhead of communi-
cation for can easily exceed ny benefits derived [rom computing the values
on other machines. As discussed in [1], one solution to this problem may
be to bunch the data objects and scud them in quantity. This results in an
inventory model with a reduction in comnnimication overhead.

Additionally, we believe that code containing time dependent data cycles
can be distributed if there is sulficient computation timme between data re-
quests to allow for the synchronization to occur or that the dependencies are
not tight, one generation per synchronization, so that values can he precom-
puted and the simulation can be made Lo proceed.

4 Conclusion

Distributed simulation is a very hard problem [7]. Simulations of very tightly
coupled systems such as network protocols that share a common resource
have proven to be more difficult due to the amount of shared information
that is required. Initial eflorts in developing decompositions along physical
lines has proven fruitless. In order for a distributed simulation to provide
reductions in runtime, the modules must be designed so that the can perforny
compute intensive operations and require very little intermodule communi-
cation.

Currently we have simulalion models for the FDDIR], DQDB[9] (formally
QPSX), and CSMA/RN[10] protocols available for analysis. To support the
distribution of modules detected, we will use tools described in [4] to provide
interprocessor communicalion and server model synchronization. These tools
may need to be extended to allow for two way data flow and synchronization
under a request. and deliver scheme.

-1



A Appendix — Analysis of CSMA /RN Repli-
cation Distribution

A.1 The data set

The data sel was developed Lo shiow lour scenarios when simulation the net-
work; A message immedialely sent, A message forced to wail, A message
interruption, and a neighbor Lo neighbor transmission.

I"vrom To
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The network being simulated has three nodes, cqually spread 1 time unit

apart to form the ring

A== (= A

A.2 Events and operations

Seven operations have heen identified for the operations analysis of this al-

gorithm.

1. A new message begins transmission
2. The start of a message passes through a node withoul causing an in-

terruplion

[

-~ O O

. A message interrupls another

. A message reaches ils destination
. A message compleles transmission
. The end of a message is passed through a node
. An interrupted message is restarted

Each of these operations can be further broken into suboperations lo

which execution times can be attached.

1That is the message has completely left the originator
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I. A new message begins transmission

(a) Copics of a Start event are placed on the Actual list for all nodes
from the originator to the neighbor preceding the destination.

(b) An End cvent is placed in the Possible list for the neighbor of the
originator

(c) The Transmitting array is updated to indicate that the originator
is currently transmitting.

(d) The delay for the Start is added Lo the packel delay

2. The start of a message passes throngh a node without causing an in-
terruption

(a) The Start event for the executing node is removed from the Actual
list

(b) The Transmitting array is updated to show that the node is no
longer transimitling.

3. A message interrupts another

(a) Fracture count is incremented

(h) Copics of an Interrupt cvent are placed on the Actual list for all
nodes from the originator to the preceding neighbor of the desti-
nation.

(c) Remove the Start event, that caused the interruption at the cue-
rent node, from the Actual list

(d) Campute the number of bits transmitted
() Compute the number of bits forced to wail,
(1) Add the number of bits transmitted Lo the count of bits delivered

so far
(g) Remove the interrupted message’s End event from the Possible list.
(h) Place new Start and End cevents on the Possible list

4. A message reaches its destination
(a) NO ACTION REQUIRED

5. A message completes transinission

(a) The corresponding End event is moved from the Possible list to the
Actual list and copices of it are posted for cach of the nodes {rom
the originator to the neighbor preceding the destination node

9



(b) The total delay for the message is added to the total message delay

(¢) The number of bits in the Tast packel message is added to the
total bits delivered

(d) The transmitting flag is reset

6. The end of a message is passes Lhrough a node

(a) The End or Interrupt cvent is removed from the Actual list
(b) The Transmitting array is updated

7. An interrupted message is restarted

(a) Copies of a Start cvent, are placed on the Actual list {or all nodes
from the originator to the neighbor preceding the destination.

(b) An End event is placed in the Possible list for the neighbor of the
originator

(c) The Transmitting arcay is updated Lo indicate that the originator
is currently transmilting.

(d) The dclay for the new Start is added to the packet delay

All of the subevents are weighted as taking | unit of exccution time excepl

subevents l.a, 3.b,5.a, 7.a which take (n/2) and 4.a taking 0 units?,

A.3 The simulation

The following is a table of the operations executed and their ordering for the
data set given in section A.l.

2

n is the number of nodes in the network being simnlated
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This information can be gotten from section A.3.

Opcration  Number — Units per Total for

Class Required  Instance  Class
| [ 6 5 30

2 3 2 6

3 1 9 9

Time Operation/ Transmilting Array

Node A B C

l I-A 1{0]0
2 I C 11011
2 4-13 11071
3 5-A o 0|1
3 2-A 1{0]1
4 1-13 11011
7l 5-C 11010
| 6-A 01010
4 I A 11010
5 I C 1] o1
5 2--3 [ O
6 4--C 11 1]1
6 3-A I I
7 6-B 11011
7 13 11 0]l
T 5 C 11010
K] 6--A 0 0]0
8 7-A 11010
9 5-A 01010
9 2-13 0110
10 4-C 01110
10 6--13 0]l 0to
10 1-A 110}0
10 -3 11 1]0
1l 1-B I{1]0
11 4-C F1 110
12 5 A 0 tjo
| 12 _____ﬁ_l_!_ ______ njopo
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1 Introduction

Modelling of high data ratc communication systems is different from the low
data rate systems. Unlike the low data rate systems a message does not fill
the whole network structure, so there can be many messages on the system
at one time. It implics that more than one cvent may take place at a time
and it is impossible to model the network by treating messages as entities
which start and end before other events take place. Previous experience with
simulations of networks where only a single message was considered indicated
that protocol models are complex and simulations usually take a long time
to run on the computer.

Three simulations were built during the development phase of CSMA/RN
modelling. The first was a model using Simscript was based upon the deter-
mination and processing of each event at each node. The second simulation
was developed in C based upon isolating the distinct object that can be iden-
tified as the ring, the message, the node, and the set of critical events. The

*This work was supported in part by CIT under grant INF-89-002-01. by NASA under
grant NAG-1-908, and by Sun Microsystems under RF596043



third model further identified the basic network functionality by creating a
single object, the node which includes the set of critical events which occur
at the node. The ring structure is inplicit in the node structure. This model
was also built in C.

In this paper, we will discuss cach model and compare their features. [t
should be stated that the language used was mainly selected by the model de-
veloper because of his past familiarity. Further the models were not built with
the intent to compare either structure or language but because the complex-
ity of the problem and initial results contained obvious errors, so alternative
models were built to isolate, determine and correct programming and mod-
eling errors. The next section discusses the CSMA/RN protocol in sufficient
detail to understand modelling complexities. In the following sections, each
model is described along with its features and problems. Following this the
models are compared and concluding observations and remarks presented.

2 Description of CSMA /RN protocol oper-
ations

The network access controller for CSMA/RN is shown in Figure 1. The in-
coming signal is split into two streams, one through a delay line or bufler.
The node controller, based upon information accumulated in the buffer, is
required to make a number of decisions. First, it must detect the presence ol
incoming data; if it exists, the node must always propagate incoming infor-
mation as the outgoing signal to the next node on the ring because it would
be impossible to recreate the packet unless sufficient storage is provided. If
no incoming packet exists, the node is free to place its own data on the ring
if its queue is not empty. However, during the time this latter data is being
transmitted, if an incoming packet arrives, then the node, within the time
limits dictated by its buffer size, must discontinue its transmission and han-
dle the incoming packet. Hence, packels once on the ring take precedence
over the insertion of new packets.

Packets are tested at each node to determine if the incoming packet is
destined for this node and should be copied to its incoming data buffer (not
shown in Figure 1). In addition, to improve the network operation, packets
are removed at the destination so the node can use the free space to send
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information waiting in its qucue. Dcstination removal improves performance
under uniform loading by a factor of two .

Figure 2 illustrates the cvents that can occur at cach node based upon the
travel of empty and full packets of data around the ring as time progresses.
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3 Simulator I - Simcript - Node Event List

3.1 Model structure

The first model attempted for the simulation of CSMA/RN was a SIM-
SCRIPT based model consisting of approximately 900 lines of SIMSCRIPT
code. The simulation was written to be event driven, rather than process
driven, and has four event types. Because of memory constraints, outgoing
messages are only generated when there exists and opportunity to transmit.
because of this, all events are initiated by external traffic passing in front of
the node. The events are defined as follows:

o start.of.message given node.id, destination, and message.id - executed
when a new message is seen passing in front of a node. This event .



terminates any internally generated message that is currently being
transmitted and places it in a queue for retransmission, sets a busy
flag. If the message seen is not for the current node, a start.of. message
event of posted for the next node in the ring.

end.of.message given node.id, destination, length, and message.id — This
event is executed when the end of a messages passes in front of the
node. The busy flag set in start.of. message is reset and statistics are
updated. As with start.of.message, an end.of.message event is posted
for the next node in the ring. After this event completes execution, the
current nodes has an opportunity to transmit any data pending.

interrupt.message given node.id, destination, length, and message.id - This
event is similar to the end.of.message event, but is initiated when a
message is interrupted during transmission. As this event is propa-
gated through the nodes, the processing is the same as that of the
end.of message event.

check.flag given node.id - When a locally generated message begins
transmission at a node, a flag is set to indicated that the node is cur-
rently transmitting. This flag inhibits the node from trying to transmit
more than one message concurrently, but it must be reset when the
message completes transmission. To reset this flag at the proper time,
the event check.flag is scheduled to execute when the message termi-
nateds transmission. This event resets the flag and, if the message was
not interrupted, posts an end.of. message event for the next node in the
ring.

In the above events, the parameters are defined as follows:
¢ node.id - This is the number of the node that must execute the event.
o destination — This is the destination of the message.

o length — This is the length of the message, or partial message in the
case of an interruption that was sent.

o message.id — This parameter is used to insure that all messages are
processed in order.



4 Three Object Model

4.1 Model Structure

In this model of CSMA /RN three distinct structures, the ring, the node and
the event list, were manipulated by code related to each structure. While
they were not identified as objects per se, as in C++, they were separate
code blocks in the later versions of the program. In the following sections,
we will describe each unit.

4.1.1 Ring Structure

The ring is defined by the number of bits that can exist simultaneously. For
example, a 10 km length ring with a 1 Gbps data rate assuming media speed
of 5 microsec/km contains 50,000 bits. The ring is modeled as a doubly
linked list of data structures containing the necessary data for a packet (a
packet is a contiguous portion of a total message). The packet data includes
the bit position of its begin and end location on the ring, its length in bits,
the packet condition (e.g., free, in use, etc.), message information including
source, destination and message number, and left and right pointers to the
packets on the ring. Ring operations include updating the packet locations
by the increment of time for the next event and linking,delinking,creating
and combining packets.

4.1.2 Node Structure

The nodes were defined to be at fixed bit locations on the ring. The nodes
were modeled as an array of structures with each succeeding node at a higher
bit location. The node data structure contained considerable information
including:

1. node number, location and distance to previous node;
2. message details e.g. destination, length, timing data;
3. operational statistics on network performance; and

4. a pointer to the packet presently at the nodes location.



The procedures relating to node operations include collection of operational
information, new message generation, updating the packet pointer as packets
progressed around the ring and handling the events which occurr at the node.

4.1.3 Event Structure

The event structure and its operations were fairly standard. The event list
was a doubly linked list with an event type, pointers to the node and/or
packet related to that event, and pointers to complete the list. Procedures
related to event processing consisted of creating the event and linking it into
the event list either from the head or tail.

The main program is an event handler. The next event is read, the
ring and nodes updated as needed, and the event processed. The event can
change the ring and/or node conditions. After the event is handled, those
nodes which are ready but do not have free packets assigned for their ready
message are processed so that if a free packet is available then it can be
assigned.

4.2 Experiences

The major difficulties in developing the ring system were in programming
the correct wrap around conditions for the ring position and for the various
tests relating node locations to packets on the ring. The combining of empty
packets is necessary to reduce the number of events as empty spaces are filled
more readily. For updating packet pointers, it was found that it had to be
checked each time packets were created, removed or moved, since any of these
conditions could change the node to which packet pointed.

Table 1 shows the breakdown of subroutine code for each major structure.
The general code includes I/O, initialization routines and generic procedures.

Item/Code Unit | Ring [ Node | Event | General
Procedure Count | 5 7 3 5

Lines of Code 100 (332 121 252
Table 1. Procedure Code to Support Network Simulation System

The major problem of coding and debugging was the identification of the
event interface between the packets on the ring and the nodes. Initially, two
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events were described, the insertion of a new packet at a ready node and the
removal of a packet which had recached its destination. In order, to schedule
packet insertion, the node, when ready, looks at the packet at its location.
If it is empty, a new packet is created starting at the present location; if the
packet at the location is full, the node searches arriving packet to identify an
empty packet. If an incoming empty packet is found, an event is created for
its arrival time at the node. Arriving full packets are emptied and the node
checked to see if it has a ready message.

The major event handling difficulties arise due to potential interaction of
these events with adjacent up stream nodes. First, if an arriving full packet
length encompasses the previous node(s) the packet can not be completely
emptied or else the previous nodes may incorrectly identify the packet as
empty and use it. Thus, the packet must be truncated at the previous node
and a pseudo arrive event created to take care of new event. For very long
packets a number of subsequent pseudo events may be necessary.

Very similar problems occur for filling empty packets and searching for
empty packets for a node to use. Packets can not be created for a length
greater than the previous node since that node may become ready and occupy
a part of the empty packet. Alternatively, a node can not identify for use
an empty up stream packet which a prior node may use before the packet
arrives at the node in question. This creates handling problems which make
the originally simple events quite complex and account for much of the code
and most of the programming problems.

5 One Object Model

The model is based on the fact that the carrier sensing is local to a node and
the nodes implicitly refer to the ring. The main events which result from the
local carrier sensing are :

e A node receives an upstream message not destined for itself and gets
interrupted and starts reposting the upstream message.

o A node is transmitting a message which is on the head of its queue.
¢ A node is idle i.e. node has an empty queue.

The unit of measurement in the model is a bit.



5.1 Node Structure

The ring is modelled as an array of nodes and broadly speaking each node
has the following structure -

e The Node Status: Transmitting, Idle or Reposting;

o Head of the Queue: Information about the message which is on the
head of the imaginary queue at a node. For example, arrival time of
the message, message length, its destination etc. In this model a queue
never exists but a new arrival is scheduled whenever a message is fully
transmitted which may be well in future or way back in past;

o The Interrupt Timetable: A linked list of interruption times for a node
and the duration of interruption. It lists the time a node will pre-empt
the current message if it is transmitting (and resume later) and start
reposting for the duration mentioned in the list;

e Statistics: Network performance satistics.

5.2 Interaction

The operation of the model is mainly goverened by a schedular,Next Time
Generator, which looks at local conditions at all the nodes and then decides
the next time when a set of events will fire at different nodes. The resulting
flow is depicted in the figure 3.

5.3 Experiences

Two or more events may occur simulatneously on the ring. The schedular has
a tight job to decide about the next time it will return. Also, the interrupt
timetable has to be maintained carefully enough else the packets on ring will
start cramping on each other.

The ring under heavy load may have a state where all the messages can
be in a bumper to bumper situation. If a node finds this state of the ring
in its interrupt timetable, it will continue to repost till it finds a hole on the
ring.



For packets of sizes equal to Lhe bitlength between two consecutive nodes,
a proxy-completion of the message is caused which is identical to buf = 0
state in the flow given in fig.3. The proxy-completion avoids a phenomenon
where each node checks for its transmit complete and next node’s interruption
before interrupting and finishing transmission.
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6 Discussion

Decisions are based on the local conditions at a point in the network and
not on global conditions. Even if the decisions are simple, complexity may
occur because prior decisions when propagate, influence the present network
condition at some other point in the network. Conditions on the network
evolve. Each bit or indivisible block of network should be modlled so that it
and its effects on the network conditions can be developed.

Various types of runs were made to study simulator confidence. Data were
collected for intervals during a run and compared as to their variability and
to the mean of all data collected for the run. We plotted wait time, the most
sensitive of the variables, taken at the end 10 intervals, and the cumulative
average taken of the active period of the run. Load fractions of 1.0 and 1.5
were used since at the higher loads, fluctuations tend to be greater. First, it
was found that the ring tended to reach steady state values rather quickly,
but its results still varied considerably between intervals. It was found that
in order to obtain data with a 90% confidence in the mean accuracy, the ring
had to cycle a number of times, where a cycle is the time for information to
completely traverse the ring. In general, about 1000 - 5000 cycles was found
to be sufficient elasped time. Figure 4 shows a comparitive result for wait
time analysis for a 10 nodes, 10 Km, 1Gbps, and 2 Kbits messages.
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Fig.4 Comparitive results for wait times
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7 Concluding remarks

To date, CSMA/RN studies have been limited to simple asynchronous data
operational conditions. Additional study is required to document its perfor-
mance for messages with variable lengths, for non-uniform load conditions,
for conditions where ring domination by a few nodes can occur, and for
large node count conditions where message fracture is most likely. Proto-
col procedures must be developed and studies must be done for CSMA/RN
to effectively handle integrated traffic, i.e., synchronous traffic consisting of
voice and video data in conjunction with asynchronous messages. It means
that the model’s capability to handle complex decisions needs expansion as
operational features of the protocol become known; thus adding capability
to the model further increases its complexity.
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Abstract

Recently two standards for MANs, FDDI and DQDB, have emerged as
the primary competitors for the MAN arena. Greal interest exists in build-
ing higher speed networks which support large numbers of node and greater
distance, and it is not clear what types of protocnls are needed for Lhis type
of environment, There iz some question as to whether or not these MAN
standards can be extended 1o such environmments,

This paper fuvestigates the extensibility of DD Lo the the Ghps range
and along distanee environment. It does this fiest by showing which specifi-
cation parameters affect performance and providing a measure for predicting
utilization of FDDI. A comparison of FDDU at 100Mbps and 1Ghps is pre-
sented. Some specific problems with FDDI arn addressed and modifications
which improve the viability of FDDTin sach high speed networks are investi-
gated, !

II'his work was supported by CI'T grant REF-89.002-01, NASA grant. NAG-1-908 and Sun Mi-
crosystem grant RF 596043,



1 Introduction

Network data rates are commmercially available at rates in Che TOOMbps per eliannel
class. The two most pronnnent of Lhose are competing, MAN standards 11D DI[20]
and DQDBQPSX)[5] and much research is currently ongoing in an effort to better
understand their performance capabilities and limitations[®,2]. Rescarch, however,
is going forward and a national research initiative is underway Lo develop Ghps
nctworks Lo he employed as a backbone for a national rescarch network[9].

Many questions still remain as to the approach which can besh suil Lthe require-
ments of such a nelwork., A national network will likely transporl synchronous and
asychronous traflic, support large numbers of nodes (al least 100 and likely over
1000)
of considering these Lypes of parameter ranges can be very negative for Loken rings
due Lo increased token cycle time and for CSMA/CD due to the increased slot. times.
No known research exists Lo show how IFDDI and DQDB are alfected. Current na-

and be spread over very Larpe distances (over 1000 Kilomelers). The impact,

A

Lional nctworks are very slow packel networks on the order of 56Kbps. As we move
towards Ghps speeds, the networks will be much more expensive and efficieney will
beecome a much more important. factor,

[ncreased data rates conld be accomplished by focusing on the development of
transmitler/receiver devices which are capable of funclioning at such high rates(7,
11,16,18}, i.e. just build gighit speed lasers. There are of course numerous problems
associated with such high speed deviees other than Lhe Lransmiller /receivers them-
sclves, such as how to build compnters which can process data al the rate of the
nctwork and what types of protocols would work best at these rales. [or example,
[9] suggests that it might be necessary to structure packel sizes Lo be large in order
to minimize overhead impact.

Another approach is lo examine how currenl transmiller/recciver technology
can be oplimized to improve characteristics snch as throughput and delay. Parallel
channels show some promise for improved pecformance [13,12,14] and is the subject,
of some rescarch. Many archilectures have been proposed in an altempt to design
morc cllicient nctworks. Strategies have included ‘train’ protocols [22,21,10}, hy-
brid CSMA/CD protocols[3,15,13,12,4], slotted and register insertion rings(6], and
numcrous others.

In this paper | will examine Lhe viability for scaling I'DDI, a 100Mbps token
ring protocol, to Lthe type of environment. menlioned above. A number of problems
will be defined and a suggestion for performance improvement will be given. The
suggestion for performance enhancement is applicable Lo token ring networks al any
speed and distance and provides a {ramework for improving other types of networks.
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2 IF'DDI

2.1 Basic Token Ring

A token ring network s distinguished by the manner in which Lransmission rights
are granted Lo nodes on the network. The token packel circulates on the ring,
passing by cach node. If a node’s queue is ciapty, it simply continucs circulating
the token to the next node. Tlowever, if the node has a message in ils quene to
Lransmil, it will elfectively remove the token by changing somne information in the
packel. The token itscll is not actually removed, but is transmitled in some altered
form such that subscquent nodes will not sce it as a token and will nol attempt
to transmil. The modified token continues cicculating and is ceventually consumed
(not retransmitted) when it reaches the node which is in the process of transmitling
(holding Lthe loken).

Figure | illustrates how the token is ‘cemoved’. Nade 4 has a message for node 2
and is waiting for the token hefore initiating transmission. Figure 1.0 shows Lhal the
token has been modified so that it will not be recognized as such and the message
has been placed on the network. Part e shows that the token has been relransimitted
on the network and is available for subsequent nse.

As the Loken continues aronnd the ring, subsequent. nodes remove the token and
append another packet. This scenario is illustrated in Figure 2 where node 1 has a
message for node 5. Inorder Lo send the messape, the Loken is modified, the message
(or node 5 s transmitled and anew token is made available to the other nodes. The
nelwork becomes filled with messages and old fokens. AL nosl one real Loken is on
the network at any instant of Lime.

The exact time al which the old tokens and messages are removed is dependent
upon the distance of the uetwork, the length of the packet and the data rate of
the network. The most important factor to note is that all nodes except the node
holding the token are forwarding messages. The node holding the token does nol
forward the incoming message but instead forwards its own message. Incoming
messages arc lost. Eventually, the old foken will encounter a node which is in the
process of Lransmitling a message and be removed.

Data packets are removed in a slightly different manner. 1L is important that
they be removed by the sender so that a receiver will nol aceepl Lthe message a
sccond time il it recirculates. The tail of the message is removed(modified) at the
sender once the address is recognized, whereas Lthe fragments of the headers of these
packels arc removed as mentioned above[19].

2.2 Token Rotation Time

The decentralized access mechanism of a token ring prolocol can place limitations
on how long a station has access to the network once it obtlains the token. The
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approach in 'DDI is to linil the amonnt of fime Tor which one staion can hold
the token(23]. Bach node has a Limer which is resel when the token arrives. When
the token returns, the node may capluce it only for an amount of Lime which will
assurc that the token will return within a specific time period. This Lime period is
the Targel Token Hotation Time, TTIT. The value of Lhis parameter is negolialed
amongst. all nodes on the network aned is essentially the smallest value selected by
any node. This defines the maxdimum amount of Lime hetween aceess to Lhe nelwork
and should provide for synchronous traffic,

Althongh it can be shown that the algorithm will gnarantee that the token will
return within the negotiated time frame on the average(8], it can not be guaranteed
that the node will be able to hold the token at all once il returns. This has serious
implications {or periodic traflic and maximum throughput and will be examined in
the next section.

3 Impact of Token Rotation Time

Jolinson[8] provides analysis concerning the timing requirements of FDDI for both
the ideal and the non-ideal(including overhead) cases. For the ideal case, the Loken
can always be guarantecd o relurn to the station within 2+ TOP R where TOPR s
the current operating valuc of the TT' T, within which the token should rcturn. For
example, il the currently negotiated valuc of TOPR is 125 pscconds, then the token
can only be guaranteed Lo return within 250 pscconds. 1L would appear then that
one would simply negoliale for one-half of the desired TT'RT and then the proper
availability of the token could be assured. For reasons of maximizing ntilizalion of
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the nelbwork, there is compelling molivation to have a large value of TT'RT thus
resulting in a tradeofl hetween Lhe design objeclive Lo support synchronous traflic
and the need for high utilization. T'he following section illustrates the impact of
TTRT on ulilization.

3.1  Paramcters affecting TTRT

As ciled in [3], the primary components of ring overhead are as {ollows.
i A [ g

e Tolal Propagation Delay (D,.,,,) is determined by mdtiplying the propagation
delay for fiber optic media (5085 ns/km) by the length of the nelwork.

e Lateney (L) ocenvs al each node and is efleclively the delay between Lhe time
a bit arrives as a node and departs the node. Therefore, if one examines Lhe
round Lrip of a single bit around the network, the delay is increased by the
lalency al cach node limes Lthe number of nodes. Ly, represents the total
latency of the network( L = NV x L).

e The number of nodes to capture the token, N, increases the delay of the to-
ken rotation. In the minimal delay case, no node nceds the token and this
component is nothing, but no information is transmitled. By focusing upon
the process of transmilling a frame al a single node, this overhead becomes
apparent. The head of the token arrives at the node and is passed on to the
rest of the network while the node wailing to transmit identifies this as the
token. Recognition takes place before the tail of the token is retransmitted,
providing Lhe capluring node the opportunity to modily the end of the token,



transforming it into a non-token frame, and thereby capturing the token. The
delay required to accomplish this is incorporated into Lateney, 1, The node
Lhen proceeds Lo transmit its packet and refransmif the token 1o ils neighbor-

ing node as explained in the section Basic Token Ring and Figure 2.

e As cach node caplures Lhe token and retransmits il, an additional delay equal
to the Token Transmission Time (77) will be incnrred. Note that the delay
from message transmission does not contribute to overhead delay.

o The design specifications of FDDI[20] allow for a maximum Transmitler Idle
Time(T;). This represents the time which is required belween recognition of
the token by the node and heginning of transmission of the frame.  As in
the previous item, this iz only a factor when nodes are actually capturing the

Loken. .

Specified times for these delay components can be found in (200

Lateney per connection 600 ns=
Token Transnussion Tine 8RO nis
Max Transmitter dle Time 3500 ns

Consider three seenarios for FDDI as a hasis for evaluating the iinpact of these

paramchbers:

L. 10 nodes separated by a distance of 100 meters cach (1 km total) - representing

a backbone for interconnecting local area networks,

2. 3 nodes separated by a distance of 10 meters each (30 meters Lobal) - represent-
ing the connection of two mainframe/supercompiiters or peripheral equipment,
which is in a close physical proximity, :

3. 500 nodes each separated by a distance of 100 meters cach (50 Kin Lotal) -
representing a HSLDN or MAN.

Table 1 illustrates the delays? inherent in each of the scenarios. The difference
between MAX and MIN TOTAL DELAY is the number of nodes transmitling on a
token rotation.

One can sce thal as lalency improves below 60us, the cffect will be significant,
only in the MIN TOTAL DELAY for mainframe cnvironments.

25 one hit delay is equivalent Lo 10 ns for a 100Mbps network

6
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Latencey @ 600 us per node

1.Backbone  2.Mainframes 3.HSLDN
Prop Declay (])},,.,,,,) 5.085 s 0.1526ts 25431
Latency (Liw) Gyis 1.8 300;1s
Max Token Trans (77) .8y 2.64y1s 440yts
Max Trans Idle (77) 35s 10.5/1s 1750
MAX TOTAL DELAY 04.885/1s 15.09261s 0033is
MIN TOTAL DISLAY 11.0851s 1.9526,ts 284315

Latency @ 60 ns per node

I.Backbone 2. Mammframes 3.JISLDN
Prop Delay (Dpop) 5.0851s 0.1526s 254318
Latency (L) Oyis A8ps 30/ts
Max Token Trans (7}) S.8/s 2.64s 440115
Max Trans Idle (T3) 35s 10.54s 17501s
MAX TOTAL DELAY 49.48H 18 15.0926/ts 4763 1s
MIN TOTAL DELAY 5.685/1s 332618 25731s

Table 1: Overhead Delay Parameters for IFDDI Scenarios

-1




3.2 'T'TRT vs Utilization

The purpose of this analysis s Lo develop a tool which s reasonably simple Lo nse
and which will be able to predict maximum utilization of an 'DDI network. Prac-
tically all aspects of the derivation use averapge values of the random variables with
focus given to heavily loaded conditions. Only asynchronous traflic is considered
with justification for ignoring synchronons traflic in the analysis being given in Lhe
following scction. The end of the analysis will provide results from a simulation of
FFDDI to illustrate the degree of accuracy of these approximalions.

All nodes on a I'DDI network use the same value of TTRT. If a node docs
nol. obtain the token in time to transmit its data and maintain the requred timing

resbraints, it simply forwards Lthe token to Lthe next node. One way of viewing

ntilization (U7) is Lo represented il as
. TTRT T RO

TrRT (1)

i

where T'RO represents the Token Rotation Ovechead. During a single round trip
ol the token, only a cortain percentage of the time can be spent sending data. The
rest of the time essentially represents the amonnt of time required to transmil the
token around the ring. Part of T'RO is fixed and independent of the network load.
All other factors remaining lixed, one can see that for a heavily loaded network,
increasing 7717 will increase utilization - al the expense of delay.  Ilere we
examine an estimation for utilization as a fanction of T'T'RT.

Using the teems developed in Lhe previons sections, T'RO can be expressed as

follows
TRO = N> (T 1) 4 Dyprop + Lot (2)

The number of nodes to capture the token on a rotation is dependent upon the
available bandwidth for transmission (7717 = T'RO), the packet length, load and
the number of packets transimitted by each node which eaptures the token. All of
the variables excepl NV, are static values, however, for this derivation, separate the
components of 1O into two Lerms as lollows, 7' 170, representing the component of
T RO which is independent of the number of packets transmitted and the dynamic

part T1RO,.

TRO = TRO, - T RO, (3)
TRO, = Dprop + litot (4)
TROy = N, x (T, +T3) (5)

The dynamic componenl. is determined by the number of nodes which capture
the token. Fach time the token is captured, there is a transmitter idle delay and a
relransmission of Lhe Loken. [t is possible that a node can transmil multiple packets
for a singlc token caplure. [ cach node capluring the Loken Lransmils twicc as many



messages, the token retransission(1}) and transmiller idle delays(7;) would occur
half as often.

Consider the range of values which V. has with the load uniformly distributed
among the nodes. Under low loads, few nodes have messages to transmil. As nel-
work load increases, N, increases, approaching the number of nodes on the network
N, then it decreases as the nelwork hecomes overloaded. In the last case, as nodes
have large quecucs, one Ltoken caplure resulls in a large number of packel transmis-
sions. Isventually, cach node holds the token for a period of time which precludes
olher nodes on the network from capturing the token until its next rolation.

As the queues al cach node overload, the ulilizalion aclually increases as there
are fewer Loken caplures per rotation; however, we are interested in determing the
maximum Leaflic which the network can support. without queue buildup. In such
an overloaded sitnation, the network cannot support the traflic levels even though
overall utilization may be higher. Therefore, it is assumed thal traffic is distributed
such that on the average a node only has a single packet(or less) Lo transmit per
token rotation and thal the maximum value of N, is N. The number of packels
which can be transmitted is dependent upon the number of packets which can be
Leansmitled during T°TRT = T'RO,. N, wonld be defined as

TR =TRO,

! e e
T AT

(6)

/\:’_, = ch ==

where
17 s the packet length
I? is Lthe transmission rale of the nelwork and
and NV, is the ninber of packets transmitted.

As Lthe load inereases, the number of nodes captaring Lhe Loken wonld have a
limit of
N. =N (7)

€

and the number of packets transmitled with maximum token capturcs N,ar would

be
7.»/:],.7' _ »,-I{()' _ /\, v r]v _{_ rI-v'
Noaas = —— oo e ir T) (8)

R

Substituting Equation 8 back in to Equation 1 , U can be cxpressed as

_rrnr -r1nRo, = N x (1 + T;)

U
TTRT

(9)

Figures 3 and 4 illustrate the predicted and real maximum utilization for the
backbone and MAN scenarios listed above.

9
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Figuee 3 Backbone Predicled Gitilization vs TRT

3.3 TTRT Inmpact on Synchronous Traffic

Synchronous traflic has not. been included in the previous analysis. Becanse syn-
chronons Lraffic by its nature places a uniform load on the system per token rotation,
we can initially consider il as an overhead of Lthe token rotation. After calculating
Lhe maximum ulifization as described above, add the pereentage of synchronous
traflic Lo the previous ulilization value to oblain the true utilization. The only ap-
proximation involved is due to Lthe mimber of Loken captures which could be higher
i, for example, synchronous traflic packets were small and distribnted to a large
nmber of nodes. This would further redinee masimum atilization.

Application of the previons resalls Lo Lypical synchronons Lrallic requirements
indicates that FDDI does not. support, synchronous traffic without significant de-
creasc in ubilizalion. ISDN compatability requires thal synchronous traflic must be
delivered al the rale of once every 125ps. In order Lo gnarantee this arrival rate,
A TTRT of 62.51s musl be established. For a conscrvalive estimate, assume that
TTRYT is 125ps, knowing that on the average 125pus will be atlainable although in
soinc instances packets may be lost duc to the inability to guarantee TTRT can be
mcl. Comparing this with the lower node latency and ignoring packet overhead, the
maximun utilization is ilustrated in Table 2.

The table indicates that FDDI could not support an acceptable ISDN interface
in most confligurations and that it would be extremely unlikely that synchronous
traflic with comparable periodicity could be supporled in a long distance (MAN)
cnvironment. [t is also interesting to note that in the scenario for a backbone, the

10
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Fipure 40 MAN Predicted Utilization vs T'RT

1.Backbone 2.Mainframes 3.HSLDN

MAX TOTAL DELAY 60% 88% ook
MIN TOTAIL DELAY 95.5% 99.9% oAk

Table 2: Maximum Utilization for 125ps TT'RT

<

utilization conld drop signilicantly depending upon the number of nodes which can
capture Lthe token on one rotation. This is of conrse also dependent on the packet

size being transmitled.



4 Scaling I'DDI to Gigabit Speeds

With the disparity hetween Che development of the speed of Lransimission Leehnology
(optical systems) and the speed of processing clements in a computer, one might,
ccasotably question the degree to which gigabit networks can be used at all. This
disparity between the speed of transiilter technology and processing clements is
toletable il large numbers of nodes can be viewed as using Lhe gigabil. speeds if
only for short durations. This is one reason Lo examine the scalability of FDDI in
terms of the number of nodes it will support. The previeus section also provided
soine insight as to the impact which number of nodes will have on performance. The
sccond most important factor Lo examine is nelwork length. Token ring ncefworks are
usually dependent upon short propagation delays for providing fasl nelwork access.

Given that this is not a detailed investigation, the two factors will not be ad-
dressed independently. Instead, the network configurations examined will look at
increasing the number of nodes while maintaining the same internode distance,
thereby increasing the network lenglh simultancously.

When considering the sealability of FDDI, one conld view a scahing ol Lhe trans.
miller with proportional scaling of the spead of Lhe nodes, or the transmitter speced
could be scaled leaving the node processing speeds (vahies of Transmitter Idle Time,
cte. discussed in the previous section) at the same rate. The data which follows is
an examination of the latter given its greater probability of occnrrence.

The parameler space examined here varies the number of nodes belween 100 and
SO0 maintaining internode distance at 100m, resulting in network lenglhs between
FORm and 50K The TTRT has been chosen at a level which allows for maximum
ulilization in the 75-90% range in general(10000 ps). The delay teems mentioned in
the previous scclion were constant in all runs. Packel size was fixed at 1000 bits.

Figure 5 shows access delay lor standard(100Mbps) and gigabit FDDI. The ver-
Lical axis scaling has been chosen to be Lwice TT RT(10000 its). This shows how
performance suflers dramatically in long-distance networks when more than one to-
ken rotation is required to deliver data. As expected, performance degrades in cach
graph as nodes and distance arc increased. The two graphs reveal thal gigabit FDDI
begins to degrade al approximalely 70%, whereas standard FDDI degrades slightly
afler 70%. Ounc might cxpecl that a faster Lransmission rale would mean shorter
dclays, however, these graphs tend Lo show comparable results. The reason is that
with a constant packel size there are more packels at 70% load in gigabit FDDI,
and more nodcs arc also Lransmitting. The previous section indicated the overhiead
associaled wilh token caplure and how it relates to the number of nodes.

The final graph in figure 5 combines the 100 and 500 nodes curves from the
previous two graphs. Surprisingly, it does nol appear that the scaling of the trans-
mitler is the issuc. Both speeds indicate similar performance curves. Number of
nodes and distance arc the factors which distinguish the shapes of the curves.
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5 Performance Improvement

As the data transmission rates and distanee covered by the networks increase, Lhe
number of sirmultancous packets on a nelwork increases deamatically. The parameter

a where

. length of dala path (10)
length of packel

represents this concept and frequently arises as a crucial parameter in nelwork per-
formance. For example, a network of 10 Mhps capacity, 2000 packet length and
LAN lenglh of 1 km can only hold 003125 packets al a time. Network desigus with
capacitics such as 1 Gbps, 100 km and packel lenghhs of 2000 byles, could contain
approximately 31 packets simultancously.

Ihcreasing the nwmber of packels on a nelwork as shown above demands that
greater attention be given to the management of 4hicse packels. Most LANs do
not have this problem of simultancous packets. Networks such as DQDB{17] which
cmploys a slotted scheme or DSMA/RN{4] which uses a hybrid CSMA/CD technique
may provide preater opportunity lor optimization of this packel capacity.

In addition, the metrics for network performance, or at least, onur view of them,
needs Lo be reconsidered. When analyzing the performance of a dala communica-
Lions nclwork, one typically uses utilization as a metric of cvaluation. If A 100Mbps
nelwork is capable of delivering 100Mbps of data, then the network is assumed Lo
have 100% utilizalion (ignoring packel overhead).

This 1007 limitation is based upon the assumption that ouly one node is Lrans-
mitling al a time. Il is only possible for one node Lo Lransmit al a time as in most
CSMA/CD nctworks or token ring networks, then Lhis is a reasonable assumption.
Iven in situations where link level protocols provide for the existence of multiple
packels on the network simultancously as in seleclive relransmission and go-back-n,
and in systems which allow for the building of a train of packets such as Expressnet,
no consideration is given to the possibilily of simnllanenous transmission by nodes.
Register inscrtion rings{6], DSMA/RN{4] and others[i] have shown thal utilization
greater than 100%(Lhroughput greater than 1.0) is achicvable.

Assume that nodes arc numbered from 1,...,NV and placed in a ring. If node 1
can scnd to node 2 while node 3 sends to node 4, 200Mbps is being transmitted. To
undcrstand the incfficicney of a ring running at close to 100% utilization, consider
not only whether the network is filled with packets, but whether or not the packets
arc doing uscful work, where work which is not useful occurs when packets take up
nelwork capacily but have alrcady been delivered to the recciver.

The focus of the suggestion for improvement in performance of FDDI in this
paper is on rccovering Lthe unuscd packel capacily by removing the packet at the
destination and inscrling ncw packets in their place which T will call destination
insertion. Destinalion insertion will also allow for multiple simultancous transmit-
ters on the nctwork and increased throughpul. The technique is also applicable to

14
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Figure 6: Removing Packel, at Destination

DQDB and token rings in general, althongh the analysis does not address DQDB.

5.1 Destination Insertion

Figure 2 illustrates the removal of the message at the recciver. In the sccond part,
of this diagram, MSG - 2 has reaclied the destination node and is aboul to arrive
back to the original sender, node 4. It has been shaded Lo emphasize that the slot
is only dclivering an acknowledgment and that the capacity of the network is not
being used in an oplimal fashion. In this case the slot could have been used by node
2 Lo Lransmit the message to node 3. Le., two messages could have been delivered
instcad on onc with this packel-slot.

Figure 6 depicts node 2 removing the message from node 4 and al the same time
inscrling its message to node 3. The removal of the token atl node 1 and transimission
of the message from node 1 Lo node 5 is nnaffected by this squeezing of the message
{rom node 2 to node 3 into the train of packets. The squeczed data can not be
longer than the message which it is replacing.

Deslination inseriion works as follows. When a node transmits a message on the
network, the message procecds until it reaches its destination. At thal point it is
marked as reccived and Lhe slot containing Lhe message is available for further usc.
As long as the sloL is on the ring, it can be nsed by other nodes. This raises two

additional questions:



e how long will the slot remaim on Lhe ring, and

e which nodes(tnessages) arve candidates for rensing the slot.

5.2  Restrictions on slot reuse

This message would normally travel al least as far as the oviginal sender and could
counccivably travel even further if the original sender releases the token before the
packet returns. If the time of Lransimission of Lhe message is at least as long as the
propagation delay of Lhe network(a < 1), the message will terminale al the sender.
If the time of transimission is much less that the propagalion delay(a > 1), the token
will leave the node before the messape has made a loop and Lthe message may nol
reach the node holding the token for a significant period of time.

When a < 1, the packel arrives at the sender hefore transimission is complete.
Assume that node 1 liolds the token and has a message for a node i. When node 1
reccives Lhe slob, il is rensable by any node up Lo node 1, but. nol beyond node 1. 11
an atltempt is made Lo send a message past node 1, it will be absarbed by node 1,
the holder of the token. If @ > 1, additional rense could be made of the packet, but
the opportunity for reuse will be terminated at the original sender in this analysis.

Length of packet also presents a problem, as mentioned above. Obviously, a
message which is inserted into the free slol must of lenglh less than the length of
the delivered message. For this analysis, the assumption is made that all packels
are of equal length with the cffect of varying packet lengths to be examined in

subsequent rescarch.

5.3 Objective

If destinalion inserlion recaplures these packets, one expects throughput to increase
and dclay to decrease. The central questions are how much these measures would be
affected and how feasible the implementation would be. Recent papers[6,1,4] have
used similar techiniques Lo show increases on the order of 1.5 to 2 times 100%, but
these papers have nol included any gencralizations as to how this might apply in
an arbitrary case, rather the simulation resulls are for specific cases. I intend o
provide an analysis which will allow one Lo predict the degree to which a method
such as Lhis can improve performance in FDDU or token rings, and Lo show that
a feasible strategy can be developed which does nol mect the maximum, but can

approach it.

5.4 Advantages

One might assume thal the cffect of destination insertion would be simply to provide
for an incrcase in Lhroughput at high loads and have little cffect at low loads.

16
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However, the method can be shown Lo improve performance in the following areas.
e Throughput will be able to sustain traffic at a much higher load

e Ouc of the major problems with token ring networks is the access delay for
obtaining the token. These extra slols will reduee average access delay to the

nclwork.

o Beccause of the large distance and nnmber of nodes inherent in proposed wide
arca rescarch nets, normal token ring access delays are likely prohibitive. These
additional packels will reduce access delay as mentioned above and reduce the
sensitivity of a token ring network such as 'DDI Lo longer dislances.

5.5 Expccted Maximum Throughput Increase

For this analysis, the assmmptions will be that all nodes always have al least one
packel in the quene, thal destination address space is uniformly distributed among
the nodes, and thal packets arve fixed length. 0f all imessages were destined for the
neighbor, throughput could be inereased by a factor of N, but this is an unlikely
scenario. The result derived is a function of the mumber of nodes, £(n), which
states the factor by which throughput can be expected to improve under heavily
loaded conditions. TFor example, if utilization is currently 80% and the expecled
throughput increase, £(n), is 1.4, then utilization shonld be able Lo reach 112%
under the conditions specified in the assmmplions above for n nodes.

In order to determine the expected throughput lor such a nebwork, consider the
Lraversal of a packel around the network. Assmime that node n removes Lhic token
from the network and transmits a packet. The packet must be destined for one of
the nodes n — 1... . Assume that the packel is destined for node j,n < 3 < 1.
Upon receiving Lthe message, cither

1. node j has a packet available for transmission to node & where j < k << 1 or
k = n which stales thal the message can be squeezed into the now available
slol and removed before it passes Lhe original sender

2. node J has a packet available for transmission Lo node k wheren -1 <k < j
and it can not he squeezad withont a possibility ol being removed by a node
which has the token (specifically node n may still be transmitting, so we
assume that it is in order Lo guarantee viability of the slot)
or

3. therc is no packet in the qucue (which this analysis is ignoring).



Deline £(1) Lo be the expected increase in thoughput given Lhal the slol has as

its destination node 1. Using a recursive derivation, starl with (1).

£(1) = = (11)

because the expected value of increased throughpuat is the probability of the tessage
in the head of the quence being destined for node n (the original sender of the slot
and the only possible node to which node 1 can send), %, times 1 (the number of
messages it can send in the slot) plus the probability that the message at the head
of the quene is for some other node, N—I;'—, Limes 0.

The expected increase al Lhe second node is composed of three Lerms

1. the probability that the message at the head of its queuc is for node n times
ils expecled increase, ’lv Limes | as above,
plus

2. the probability that the message al the head of Lthe queuc is for node | ,,—:,4, Limes
Lhe expected inerease which is 1 plas £(1) beeanse Lthe message is delivered at.
node 1 and can be reused again at node 1 with expected increase £(1)

plus

3. the probability that the message at the head of the node is for ncither node

tnor n, =2 times the expected increase which is also £(1) because the slol
will proceed to node 1 available for reuse

Therclore,
l Sy N =2 1 N =1
E(2) =<+ + E(1) = — 4 ——— 12
(2)=5+— v <) =5+ 3 (12)

For arbitrary node j, the formula can be generalized to

S DR Sl | oy N =J
v(J)=N+Z;‘/§;X(‘+~(’~))+ v X< =1) (13)
I ANED KL YR STt (14)
=37 N xE()—1) i:'z,z
forn<j <3
and
B = , ‘
£() = 35 x (1 +€6)) (15)
i=t !
forj=n
18
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The first term in Bquation 13 represents the expected increase if the message is
for node n, the original sender, The second Lerm represents Lhe expected inerease
il the message is for a node positioned between the current node j and node 1
which is the squeezed message itsell plus any expected increase once Lhat message
is delivered. The thivd term assames that the slol could nol be nsed so il is passed
on to node j — 1. In the case for j = n, the first termois omilled becanse it would
never send a message Lo node n, itself.

5.6 Overall effectivencss

The following graph show the increase in throughput expected from a traflic place-
ment strategy as described above, "The vesull of interest from the above derivation
is the value of £(n) which deseribes the nnmber of expecled messages delivered
with cach packet as il is transmitted from the node holding Lhe token (n). Figure
7 shows &£(n) versus . One can observe that the effect of such a technique has a
much greater effeet as the number of nodes increases.

Recall that the proper interpretation of this graph is that throughput can be
incrcased by the factor given. Results show that for a 100 node problem which
operates at 90% maximum ulilization, this method will increase thronghpul by a
factor of 3 to 270%. A number of curves are provided. The curve marked Analysis
is the result of caleulating E(n) for various values of n as derived above. The
analytical results can be compared with simmlation results in the curve Simudalion.
The simulation model did not require using an FDDI model and was only modelling
the passing of messages from node to node without delay statistics. Ilere a packet
was allowed to be reused an arbitrary number of times, an impractical assumplion
discussed later. The final two curves in this figure show maximum ntilization when
one limits the number of times which a slol imay be used during a cycle around the

network., Mazr=2 indicates that the slot may be used twice (reused onee).

5.7 Additional Simulation Results

A simulation modecl of FDDI, written in Simnscript, has been developed on Sun work-
stations in order Lo Lest performance issues. A modification was made Lo the model
to allow for the incorporation of destination insertion. It should be noted that the
full advantage of this technigue can not be seen in these results becanse of an incon-
sistency in Lhe original design of Lhe model and the design necessary {or destination
inserlion. A ncw modcl which will be used to show the [ull potential impact for
FDDI is under development. The results shown arc a conservative estimate of the
cffect. :

A number of benefits arise from removal of the message al destination and reuse
of the slot, the first two of which arc investigated in Lhis paper.
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L. As shown previously, Lhronghput can be dramatically increased.
J B )

2. Bven i seenarios where Lhe syslem is not fully loaded, delay characleristics

arc improved.

3. The extensibility of an FDDI network is increased. One of the major limita-
tions of extending an FDDI ring is the large propagation delays experienced
as total network distance increases. These cxtra slots will provide additional
opportunities for transmission beyond Lhe token arrivals, decreasing access

delay.

4. I synchronous Lrallic is required, it is possible Lo set 7T RT valucs at a higher
valuc and still maintain the same average access delay. Raising the TTRT
will allow for higher utilizalion as shown previously.

The effect of access delay where load is less than 100% is shown in igures 8
and 9. TTRT is sct to 5 ms, network rate(/?) at 100 Mbps, packet length(P) is
fixcd at 5000 bits. Figure 8 shows how removal allccts Lhe 10 node case. Figure
9 incorporates the removal vs non-removal for 10, 50 and 100 nodes. Notec that in
every instance using the destination inscrtion technique, access delay at 100% load
is comparablc to access delay al very low loads. It should also be noled that these
runs have not reached the assumplion made in the analysis that all nodes have data
in the queuc; however, the eflect is still significant.
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5.8 Implementation

The noplementation of Lhis techuigue is nol. without a cost, bl Lhe cost is a nominal
onc. Iirst, the recciver must be able Lo recognize Lthe destination address and
mark the packet as delivered. Second, the marking of the packet must be in such
a manner as lo allow for obher nodes to deterinine that the packet has alrcady
rcached the destination. Placing the header al the beginning of the packet allows
for interpretation of the source and destinalion. This would make it possible for a
receiver to determine if the packel had already been delivered, but the process of
making the decision would be simplest if the receiver marked a 1 bit slot at the end
ol the hieader Lo indicate thal the packet had been reccived. All subscquent nodes
wonld recognize this similar Lo recognizing the token and transmit the data.

Token rings allow the original message to propagale back to the sender before
being removed. This provides and acknowledgement mcchanisin that the message
has been delivered and has circulated around the ring corrcctly. However, reccipt of
the original message is not required. Many prolocols only require an acknowledge-
ment of some Lype from Lhe recciver. This can be done much more efficiently that
using the cutire packel slot for acknowledgment. I sufficicnt room is left at the end
ol the packet, the acknowledgement from the receiver can be accommodaled. This
would requirc an additional header/trailer combination for the reuse of Lhe packet as
shown in Figure 10. The nmunber of these extra header/trailer combinations would
be equal to the number of Limes of cxpected reuse of the packel. Of course, in the
best case, all nodes would want to use the slot requiting N X (Pyaiter + Pheader) OVer-
head, an unacceptable price Lo pay. However, a valuce closer Lo the average number
of uses of the slot could be used. For example, if on the average for a given number
of nodcs, the packet would be used 3 times, the overhead of 3 packet/trailer entries
would be a rcasonablc one.
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6 Conclusions

This paper has shown some of the limitations of FDDI Those limitations arc
strongly a [unction of number of nodes and network distance. A tradeoll exists
between maxinun utilization and the network access as delermined by the TTIR'T.
Return of the token within an average specificd time can be guaraniced bul use of
the token cannot. It has been shown that sctting TTRT lower reduces ulilization.
Reduced utilization in turn will increase access dclay, the reverse of the desired
cllcct.

Scalability of FDDI in the 500 node, 50IKm range up to gigabit specds is not
without, some proportional loss in performance. Simply increasing the transmitter
speed by a factor of Len does nol translate directly into being able to dcliver ten
times the data with similar access delays.

One method of improving the extensibility of DD is to remove packets al Lhe
destination and make thosc packels available for reusc as they continue circulating
around the ring. This has been shown Lo have an expecled increase of over Lwice
the capacity of the network for more Lthan 20 nodces when the network is fully loaded
and to reduce access delay in cases where the network is less than fully loaded.
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Abstract

Most lower speed (~ 10 Mb/s) loeal area networks use adaptive
or random access protocols like Ethernet. Others at higher speed use
demand assipnment like token or slotted rings. These inclode Cas-
bridge ring and clectronic token ring svstems. tn this paper we discuss
lairness issues in representatives of such protocols. In particular we
sclected FDDI as a demand access protocol using tokens, CSMA/RN
a random access protocol and DQDB a demand aceess protocol using
reservations., We focus on fairness alb the media access lovel, i.c., al-
taining access or being excessively delayed when a message is queued
to be sent as a function of network location. Within that framework
we observe the essentinl fairmess of FDDL, severe fairness problems
in DQDB and some problems for CSMA/RN. We investigate several
modilications and show their ameliorative elfect. Finally we give a
unificd presentation which allows comparisons of the three protocols’

fairness when normalized Lo their capacity.

*This work was supported by CUP grant RE-80-002-01, NASA grant. NAG-1-908 and

Sun Microsystems grant. RE 596003,



1 Introduction

For the last ten years local avea networks prolocols have been dominated
by Ithernet [9,0,14] and varions token ring, protocols with a nominal per-
formance on the order of TOND/s. Tn 1990 implementation of metropolitan
arca networks are coming on the market with a performance on the order
of 100Mb/s. For instance, UDDI[17,11,2,16] chipscts are now available with
scveral vendors integrating them to make FDDI aceessible with their prod-
ucts. FDDIis a token ring prolocol designed to run at a speed of 100Mb/s.
DQDB [10] is somewhat behind FDDE in reaching the market. 14 has been
developed as a 300 Nb/s dual bus protocol (cach bus is capable of handling
150Mb/s).

If predictions made in the Federal High Performance Computing Program
[18,4] come true we will see within ten years operational gigabit widearea net-
works which will give individual users access to gigabit bandwidth while be-
ing separaled thousands ol kilometers: Tna way we will have expanded local
arca nelworks from 10MDb/s to 1Gh/s and from few kilometers to thousands
of kilometers.

The data rates mentioned above are realized at the lowest levels of the
ISO modecl of communications. Currently the most commonly used protocol
suil. for higher levels - TCP/IP - reduces the effective speed by a factor
of up to 10 in Fthernet. Most performance studies have been done at the
medium access level, Considerably less information is available on the impact
of overhead in layers above the transport layer. As new standards - OSI -
arc being developed Lo improve inter-operability of different computers, fears
arc expressed that the impact might. prove too costly to be uselul for gigabit
networks. No matier whatl the future will bring for the higher levels it is
absolutely essential that the media access protocol level be as efficient as
possible. In this paper we shall concentrate on perlormance problems at the
media access level and what, if anvthing, can be done about these problems
at that level.

Traditional performance metries for these protocols include delay metrics
such as wail time for a message al a node, service Lime for a message, total
response Lime (Lhe time a message arvives al the destination minus the time
a message arrives al a node), and thronghpat metries such as bits delivered
versus bits offered as a function of the load and the one we wish Lo concentrale

on: [airness metries.



Fairness in ilsell has many facets although in general it means that an
entity should not have an advantage (as measured by some metric) over
another entity. An entity may he a node, as for instance the node located
physically at the end of the network should not have shorter access delays
than a node in the middle of the network. An entity may be traflic of a
specilic type such as small messages versus large messages, or synchronous
versus asynchronous. An entity may be load such as a node having to serve
a large amount of traflic versus a node with little traflic and incssages from
cither node should have the same aceess delay. In most cases lairness is only a
problem over small time intervals, Most any prolocol is fair if its bechavior is
obscrved over along time period and statistics are calculated over that Lime
period. On the other hand a Taenlty member editing a file remotely who gets
a 30 sccond response Lime to a key stroke will be upset il his collcague at
another node has a millisccond respounse tume. :

The general concept of fairness has been an issue in media access proto-
cols since the beginning of local area networking. In carrier sensed systems,
persistence, binary backofl, limited contention and a host of other techniques
have been used to improve throughput and control access fairness [19]. Colli-
ston free prolocols using basie bit mapping provide another method for cach
stabion Lo reserve a frame during the next transiission period.  Since ba-
sic bit mapping is inherently unfair to the lower numbered nodes, BRAM,
BRAP and other protocols were devised to alleviate the unfairness. [20]

Since, i contention protocols, there is the probability, however, remote,
that a node’s wait for access may be unbomnded, token protocols were de-
vised. Token protocols may maintain a priority system based upon actual
token rotation time so that when heavily loaded, the ring will give higher pri-
ority messages better aceess. Later discussions of I'DDI will examine token
rotation access conditions in greater detail. Reference [6] has demonstrated
that over time all stations on an FDDIU ring have equal access Lo transmit,
asyuchronous frames, regardless of the size of allocated synchronous band-
with for individual stations.

Slotted rings [21] provide control mechanisin to establish access [airness.
Bach slot may contain access priovity information or access Lo slots nay be
organized into rounds generaled by a master station. Further access control
can be based upon the fact that nodes must pass slots they cimpty to suc-
ceeding stations, or nodes may occupy only a single slot on the ring at any
onc time. In addition, some slotted rings provide different slot types, channel
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and normal, which can and cannot he reused by the emptying node, respec-
tively, Unidirectional bus systems provide a number of access mechanisms
including thosc based upon trains, cyclic polling and non-cyclic reservation
schemes [21]0 In the paper, we will examine the Tairness for one particular
reservabtion scheme, DQDB, v much greater detail,

In addition to fairness controls at the media access level, some fairness
isstues may be resolved by other means, 1For example, a node which needs
guarantced access may designate the information as synchronous, thus pro-
viding regular interval access in an integrated network. This may result in
cousiderably wasted throughput and/or inercased response tiime in the case
where the data being generated by the node is highly dynamic and should
normally be delivered asynchonously.

This leads to varions concepts of fairness which are not compatible with
cach olther. When transmitting voice it is necessary that a certain amount
of information be transmitted regularly. [T necessary other nodes may need
to be starved in order that the rate for voice traflic he sustained. lere an
absolute level of fairness is not the goal, hut one should be able Lo specify a
level of fairness Lo allow hoth synchronous traflic and a reasonable amount
ol asynchronous trallic. The remainder of the paper discusses how various
protocols fare from the lairness point ol view,

In section two we deseribe three representative protocols and their han-
dling of fairness. We have selected FDDLE as a representative ol demand
access protocols using tokens and DQDRB as a representative of a demand
access prolocol using veservations both seeving metropolitan arca networks.
The third one presented is, CSMA/RN, a protocol developed for gigabit
wide arca networks [3]. 1t is representative of random access protocols which
normally have unbounded access delays. Itis known that DQDB has the
problem that wait titne is a Tunction of node location and we present several
strategies to improve performance in this regard. Section three provides a
summary ol the results and also gives a comparison of the protocols involving
the three major metries: delay, throughput and fairness,

2 Fairness in three protocols

Fairness problems normally are associated with non-uniform load distribu-
tions across Lhe nodes is a network. A solution to Lhis problem is load
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balancing which attempts 1o match resonrees (bandwidth) with needs (of-
fered load) ab individual nodes. Inorder for this feature to handle sudden
bursts, the reallocation of resources has to he done within milliseconds to be
truly useful. One protocol which does so is DRAMA, [13,12,8,7], a protocol
proposed for metropolitan arcas. In none of the three protocols selected is
load balancing fairness handled at the medimm aceess level, We are cur-
rently in the process of developing distributed alporithims for FhDI, HQDYB
and CSMA/RN along the lines described in DRAMA, that is, cach node, or
group of nodes, keeps track of the overall network load and adjusts its own
resources demands (bandwidth share) of the network accordingly. In [uture
reports we shall describe our results in Lthat divection,

All three protocols allow for dilferent types ol trallic, i.c., both syn-
chronous and asvuchronous trallic can he sent. Conbrol of the allocation
of bandwidth to nodes is handled in all eases at higher level. Problems with
FDDI in handling isochronous trallic, i.e., guaranteed bandwidth at fixed
intervals, have led to FDDEED which we do nol discuss heve.

The problem we have stadied in detail is the Tairness to individual nodes
compared to other nodes as measared by wail time and throughput cven
with a uniform load distribution across the network. To that cnd we have
modeled all three protocols at the bit operational level. The models were
implemented in Simscript. for 1FDDI and DQDB and a mixture of C and
Simscript for CSMA/RN. The details of the models and their validation can
be foand in [5,3].

Although we have made extensive studies ol cach protocol, we have se-
lected for this paper only one case which illustrates the fairness problems
we have found in these studies. The case sclected is a 50 kin long nclwork
with 50 cqually spaced nodes. The traflic offered ranged from 0% - 100%
for DQDB and FHDI and from 0% - 225% lor CSMA/RN. Messages were
5000 bits long (with 10% variation) and were Poisson distributed; load was
uniformly distributed among all nodes. For cach protocol we will give a sel
of ligures depicting wail time per message averaged over the entire network
in jesce and throughput mcasured in pereent ol capacity as a function of
offered load respectively. For cacli of these two curves we will give two or
more snapshots, taken atl varions levels of load, of the same metrics averagesd

for each node and displayed for each node.



2.1 FDDI

I'DDL s a token ving protocol. Tn Figure ta message is on the ring with
the token appended to its end. Node 1 is the next one with a message and,
ignoring the token rotation time for the moment, it will pick up the token
and send ibs message as shown i Fignee 20 Fair access and throughtput for
individual nodes is obtained by means of i token rotation time (TRT) which
guarantees that on the average cach node will iave access to the ring within
TRT. In the worst case a node may have to wait 2¥TRT. This, however, docs
not, guarantee useful access to the ring in that time period. A node may get,
the token but no time may be left to send a message. In the worst casc -
all nodes having messages quened up - the token ring protocol will give cach
node in a round-robin way usclul time to send messages although it may take
(1o = 1) ¥TRT where s the muanber of nodes. For a detailed discussion see
(6]. .

Figure 3 confirms the essential fairness of FDDI; at 80% the variation
from the mean wait Lime of the nel ts aboat 10% lor individual nodes. At
higher loads the absolute amonnt of the variation increases significantly but,
the percentage grows mnch slower. For mstance, at 90% the varialion in
wait time s 5,315 gesee with the nel average heing 22,309 pesee. As indicated
catlier though, synclironons bandwidth is not handled at this level and it can
happen that with nodal distribution varying over time that access delays will
vary as a function of nodes. Secondly the varviation in TRl does not allow
for isochironous trallic. T'hirdly the establishment of an effective TRT for a
particular enviromment is not a trivial issue [5]0 In this discussion we have
ignored the fact that FDDI actually consists of dual counter-rotating rings
for fanlt tolerant purposes becanse this does not effect the issue of fairness

presented here.

2.2 CSMA/RN

CSMA/RN [3] is an extremely simple - henee it should prove inexpensive
to implement - protocol which relies on the fact that a network looks quite
differently at high speed (> 100 Mb) than at low speed (~ 10 Mb). In the
lattcer case only a fraction ol one message occupies the entire ring while in
the former case several messages can be on the ring, that is, il we assuimne
uni-directional transmissions.
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- Fignre 4: Messages ona CSMA/RN ring

The protocol is as [ollows: il a node has a message to send it does so il
it does not detect another message passing by, I the ring is busy the node
defers until it detects an idle ring at which time the node starts sending. If
a sending node detects an incoming message whose destination is itself, the
node continues sending while it takes the incoming message off the ring. If
the incoming message is for another node, the sending node interrupts the
message it is sending and lets the incoming message pass by, The remainder
of the interrupted message is then treated as anew message. T'his implies
Lthat a receiver may have Lo reassemble the fractured messages.  igure 4
depicts various states the ring can be in. I [3] a detailed analysis of this
protocol shows a Lruly outstanding performance over a wide range of param-
cter choices.  For instance, with boards capable of handling onc gigabit/s at
cach node, the net can actually deliver a throughput of two gigabits/s.

Fairness in most cases is guite good Tor up to 1H0% of offered load at
1Ghps (see Figure 5) but problems do oceur. AL higher loads the varia-
tion of the nodes’ averages is beginning, Lo increase. In specific cases actual
starvation of some of the nodes can occur when they are unable to achieve
their share of throughput even at higher wait times. Which nodes exhibit
starvation docs not depend on the node’s physical location but who sends
what message to who. Also this phienomenon is exhibited by some nodes for
a short duration and starvation keeps drilling from node to node on the ring
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along the course of time. Not visible in the graph is the information that till
150% load no node starves, at 200% load four nodes suffer severe starvation
sending from 166% to 176% and at 225% load nodes had throughput between
(90% - 200%), twelve nodes had between 180%-190% and five nodes had be-
low 180% throughput. Since the results are based upon random distribution,
conditions will vary over dilferent runs and over dillerent intervals in a run.

In Figure 6 we have ran CSMA/RN at the speed of FDDI - 100Mbps.
As cxpected CSMA/RN performance has deteriorated although it is still
better than FDDI in terms of throughput and wail time metrics. The point
ol instability lies between [50% and 175% of offered load instead of being
beyond 200%. The starving node phenomenon is observed al 100% offered
load and it deteriorates at higher loads. AL 200% load sixteen nodes are
severely affected and the variance of wait time and throughput for nodes is
even higher than CSMA/RN operation atl 1Ghps.

Rescarch is ongoing to ensure that no node starves in this protocol. As
indicated carlier, we are developing automatic load balancing algorithins at
the media access Tevel Lo solve unfirness problems due to non-uniform load
distribution. As a side effect we expeet that these algorithims will also solve

the fairness problems for uniform load distribution.

2.3 DQDB

DQDB [10] uses a dual slotted bus Lo send segiments (inessages are partitioned
and reassembled by the protocol) of 312 bits: A node uses one bus to send
downstream and the other bus Lo send upstreams. Reservation bils are sent
in the opposite direction to alert nodes to lel empty segments go by to the
nodes making reservations. Since the system s totally svinmetric we shall
illustrate it with sending in one direction only.

Fach node has a reservation bil counter which keeps track of how many
requests have heen made downstream. 10 a segment arrives al a node the
segment, gels stamped with the counter value, say x, and the counter is reset
to zero. When x empty slols have passed, this segment is sent in the next
emply slot.

When a segment arrives, the node attempls to send its reservation up-
stream. DQDB uses one bil o the 312 bit segment as the reservation bil,,
henee the node has to wait LU segment with a free reservation bit arrives.
Therefore, it is possible that the segment has heen sent alvecady while the
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reservation bilis stll waiting, As a consequence reservation bits can quene
up while segments are actually heing, sent.,

In Figure 7 we have shown a particnlar instance of DQDB. A segment,
with the destination for node B arrives at node AL Sinee two nodes have
already made reservations (reservation bit connter = 2), the stamp is sel Lo
2, and node A will be able to use the third emply segment, labeled a’, In
the mean time, the reservation will have to wait Gil the old one (attempled
reservation = 1) gets reservation slot b after which node A will send its
rescervation in slot labeled "¢’ "Thus, the segment will have been sent before
a reservation was made. At this point the reservation bit connter will be wp
to a value of 3.

Under normal cirenmstances, DQDI will order all segments in the net-
work waiting to be sent il we negleet the time it takes for signals to reach
the other nodes. However, thal does not apply to nodes where queuces of
segments (and messages) have bhuilt up. Each queue will be ordered and all
the front segments of the queues will he ordered hut elements i two differ-
cul queues are not necessarily ordered with regard to cach other. We shall
denote this case as Lhe non-ordered one.

We have developed models with dilferent strategies for when to send the
reservation bit and whether or not to fully order messages (and segments).
The first strategy for sending the reservation bit is as deseribed above and
we shall refer to it as the agygressive one. o the second strategy we delay
the stamping of the front segment antil the reservation bit has been sent.
We refer to this strategy as the non-aggressive one. A thied strategy, the
combined one, uses a Bernonill trial to decide what strategy to employ for
cach message (not segment).

We also investigated the impact ol Tully ordering segiments across all
quecues. In the ordered case, we atlach to the state of the reservation bit
counter cach segment as it enters the quene and resel the counter Lo zero.
When the front sepment is stamped (o start the connl down, it is from this
ficld that the value for the stampis taken,

Figure 8-12 are the results of running the six combinations of reservation
bit strategies and ordering across quenes. Since we show these combinations
for only one set of parameters, a short note on the impact, of other param-
elers on DQDB’s performance is appropriate. {n the aggressive case, the
wail time is strictly a function of how many reservation bits have come from
downstream and how many segments arrive al upstream nodes before this

13
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segmaent’s arvival can be signaled to those nodes. This, in taen, is a function
of the number of nodes which want to send downsteeam and what their load
is. lo the non-aggressive case, the wait time is move direetly tied to the avail-
ability of emply reservation hil slots coming, from the downstream side. If
cnough nodes; have enongh messages arviving, and arve located within a short
cnongh distance then it is possible Lo starve a node because no reservations
bit. will be empty.

For DQDB. we show the averages per node as a [unction of the node
position and not just as a collection of diserete points.  There clearly is
a functional relation hetween node positions and node performance. We
remind the reader that the wait tinve in the Tollowing, figures are for messages
and not for segiments.

Figures & and 9 illustrate the impact that ordering has on aggressive
DQDB. AL &% thic curvature of the nodal curve Hips [rom concave Lo con-
vex; in unstable situations the cnrvalure is concave in both cases. Ordering
has also a marked effect on the network average. Comparing Figures 9 and 10
we can obscrve the effect of changing from an aggressive Lo a non-aggressive
strategy. The non-aggressive strategy produces worse nelwork averages, bet-
ter performance for the middle nodes and worse performance at the end
nodes. This holds true lor hoth throughpat and wait time. Figure 11 shows
that a simple uniform combination does not latten oul the curve although
il produces hetter performance for more nodes and the number of badly al-
fected nodes is reduced. The cost Tor this improvement is a slightly worse
network average.

For completeness sake we give the two remaining non-ordered cases in
Figures 12 and 13 noting that their performances are worse than their ordered
counlerparts,

Table | gives a comparison of the varions cases {or wail time averages
for the entire net at 90%. 1t should he noted that in all cases the nel s on
the boundary of heing overloaded and wait time per se is not a meaningful
fignre. Since we made the runs for the same length ol simulation time we
still can make meaningful relative comparisons.

Figurc 14 shows finally a flal curve or in other words a fair protocol. 1t is
obtained by running a non-uniform combination strategy. At the endnodes
the probability for using the aggressive strategy is 90 which is reduced
parabolically down to .5 lor most of the middle nodes. ‘This type of com-
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Type of Network Model Avg, Wait Timie
Non-ordered Non-aggressive 4440.06 ps
Non--ordered Apgressive S30.6 NS
Non-ordered Combmation 3091.56 ps
Fully Ordered Non-aggressive 4388.48 ps
Fully Ordered Aggressive 9843.61ns
Fully Ordered Combination 8858.031s
Fully Ordered Non-uniform :

Combination 7200.7 ps

Table 1: Average Wait Time per Network at 90% load

bined strategy produces the fairest of the ones investigated although even
this combination produces unfair situations at overload. These results arce
convincing enough to make us bhelieve that DQDB can be made fair at least,
to the degree FDDLis faiv. The avenue we are pursaing, as with CSMA/RN,
1s Lo solve the problem ol antomatic load batancing for non-uniform load at
the cost of taking some bandwidth for global conmmunication. T'his solution
in combination with the approach above shonld enable us to make DQDB
fair in all cases.

3 Comparisons and conclusions

FDDI develops random variations in performance across nodes al overload
but the variations are well within acceptable limits (about 20%). CSMA/RN
shows an increase in variations ol Lthe performance metrics as load increascs.
The variation becomes significant (greater than 100%) at loads greater than
150% for as much as 20% of the nodes and in extreme cases can lead to tem-
porary starvation of nodes. The variations are nol a lunctions of the location
ol a node but oceur in random positions. DQDB shows unfairuess at higher
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loads as a function of a nodes’ position in the network. Depending on the
strategy sclected end nodes are better or worse off than middle nodes. One
particular, non-uniform combination of an aggressive and a non-aggressive
DQDB version produces fair performance up until overload.

Clearly, comparing the performance of a 100 Mb/s; a 300 Mb/s, and a
Gh/s protocol is akin to comparing apples and oranges. Bt we wanted to
see how Lhe protocols compare in terms of fairness for a fixed data rate.
Thereflore, Figure 13 and 14 give first a comparison for the network averages
of the three protocols Tollowed with nodal snapshots at 80 Mb/s, 270 Mb/s
and 2 G/bs. When viewed in isolation PDDT was the most trouble free but
when compared with the other protocols at constant capacity il actually
is the worst. Other factors such as veliability and cost thougl will change
Lhis picture for different envivonments and no one absolute statement can be

made. -
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Abstract

This paper presemts Che results of the stady ol a sitaple bul effective
media access protocol for ngh data rate aetworks. The protocol is
based on the fact that at high data rates networks ean contain multiple
messages sitmullaneonsly over their span. and that i a ring, nodes neeid
to detect the presence of a message arriving from the innnediate up
steeam neighbor, When an tncoming signal is detected, the node st
either abort or truneate a miessage it s presently sending. "T'hus, the
protocol with local earrier sensing and ndtiple aceess is designated
CSMA/RN.

The performanee of CSMA/RN with T'Tattempt and troneate”™ is
studied in this paper using analytic and sinwmlation models. Three
performance factors, wail or access Lime, service time and response or
end-to-end travel time are presented. "The seevice Lie is basically a
function of the network rate; it changes by a factor of 1 belween no
foad and full load. Wil tune, which is zero Tor no load, remiaing siall
for loal factors up to T0% of full load. Respouse Lime, which adds
travel time while on the network to wait and service Lime, is mainly a
function of network length. especially for longer distance networks.

*Research support has been provided by Sun Microsystems, R1° 596044, NASA, Laugley
Research Center grant NAG-1-908, and Center for [nnovative Technology grant INF-89-
002-01
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Simulation results are shown for CSMA/RN where messapes are re-
moved at the destination. Destination retoval on an average increases
nielwork load capacity by a factor of 2,00 a | Ghps network can han-
e a2 Ghps load . A wide rge of Toeal and metropolitan area nel.-
work parameters inclnding variations in message size, network leigth
and uode count are stadied. In all cases performanee is excellent, and
message [ractuce usually remains less than a factor of 1. Throughpat,
even at overload conditions. remains high for the protocol. The nom-
inal network rate is | Ghps; however, performance remains good for
data rates as low as 200 Mbps. Finally, o sealing factor based upon
the ratio of message to network length demonsteates that e results
of this paper, and henee, the CSMA/RN protocol. are applicable to

wide area networks

1 Introduction

Networks mast provide intelligent aecess for nodes 1o slewe the compmmnien

tions resources. During the fast cight vears, more than sixty dilferent media
access protocols for networks operating in the range of 50 1o 3000 Mbps
have been reported [1]. At 100 Mbps and above, most local area [LAN] and
metropolitan arca networks [MAN] use optical inedia becanse of the signal
attenuation advantage and the higher data rate capability. Because of the
inability Lo construct low oss taps, fiber oplics systems are usually point.-
to-point. One of the most straight forward access protocols provides cach
node with a separate frequency by using wavelength division multiplexing,
(WDM) cither with passive or active star conplers [2)[3]. These systems
provide excellent capacity but limit the nwmber of nodes which can be sup-
ported since each node must have its own broadeast wavelength. In passive
star couplers, the division ol signal strength also limits the number of nodes.
"To overcome these limitations, multi-hop technigues can be used to increase
the nodes available but at the expense of slower sigual travel time due to
staging [].

In the range of 100 Mhps - 1Ghps, the demwand access elass of protocols
use some form of token, slot or reservation system. Protocol schemes like
FDDI [5] usc a token. which when reccived, permits the node to transmit
information. Waiting for the token to rotate can canse slow access especially
in longer and higher data rate rings. Local sensing of the presence of data or
an emply slot is used in slotted and reservation systems. In Expressuet [6],
a few bits in the preamble are available to be corrupted if a packet arrives
when another packet is being seut by the station. Expressnet however, has



separale transmit and receive sections on the bus and therefore, extends the
length of the network by a factor of 2 or 3. Other systems like Fastnet [6]
and DQDB [7] [S] (Tormerly QPPSXY) provide o pair of unidirectional bhusses
to link the nodes. Fastnet provides a train-like operation started at the
tmaster stations at Lthe end of the bus, while DQDB provides a empty /full slot
indicator. A slot reservation system is used in DQDB so that down stream
nodes have a chance al an empty slot. Recent studies indicate that DQD
have fairness diflicultios when servicing nodes at the ends of the bus under
high load conditions [9]. Slotted ring access protocols work similar to those
of dual bns systems but in a ring conliguration. Cambridge-like rings {10]
can operate with either master assigihment or and emply/full access control
mechanism. Finally, some systems have used o delay line [11] or a bufler,
like the register-insertion system [12]0 [13], for alleviating the corruption of
datz because of simultancons access.

Broadcast or shared channel communication systems, like Fthernet, use
information (earrier) sensing to alleviate the danmaging eflects of col lisions.
However, as handwidth inereases and the message size spans o smaller por-
tion of the global bus length, the network thronghput is veduced [ As the
frequency goes up and effective bandwidth increases, the round trip prop-
agation time as measured in terms of packet lengths increases and a larger
percentage of the packet or even a number of packets can exist simu{tane-
ously over the network span [15]. A resulting collision over the network
span wastes time causing lower throughput. Thus, global carrier sensing
even with collision detection loses elfectiveness. This, conpled with the fact
that optical broadcast svstems have a diffienlt time bailding effective low
loss taps, makes global sensing impractical for high speed networks.

As noted above. the amount of space ocenpied by a packet decreases as
network rate increases. For example, at 100 Mbps. a 2K bit packet occupies
a space of approximately 4 ki along the network ring; at 1 Ghps. this space
is reduced to A ki, Thus, a1 Ghps, 10 kKin network can potentially have 25
separate 2K bit packets simultancously in existence over its span. Ring and
dual bus systems realize this sharing of physical network space by having
inultiple trains or slots distributed along the network length. These blocks
can be treated independently and locally, if at any access poinl. :

1, the system can sense and operate on the existence of a data packet or
TTcarrier™ al thal poinl; and

2. packets, once on the net, are not corrupted by collision with incoming
packets during their passage through the node.



In a ring network, packets propagate nnidirectionally and svuechronously, 1f
cach node is able to sense the inlormation or T'learrier™ in it locality, ie..
in the concept of "T"Fsense and take action™, then the control actions that
ocenr locallv and jadependentdy can provide o eflvetive means for media
ACCOSS,

In this paper, we investigale the concept ol local seusing and control
as a means Lo access a ring network with out corrupting the incoming sig-
nal. The system is called Carrier Sensed Multiple Access - Ring Network,
CSMA/RN. The paper first deseribes how carrier sensing can be imple-
mented operationally and some of the possible features which can be used
to control the node/network operation. Next, we preseat an analytical model
based on queuing theory to describes the fundimental operational parame-
ters which influence CSMA/RN. We then briefly describe a simulator which
has been used to verify the analytical model and to study the network proto-
col capabilities. Finallv, we present resubts which demonstrate CSMA/RN's
ability to provide excellent operational features overa wide range of network
conditions and indicate the direction for future work.

2 Carrier Sensing and Control in Optical Ring
Networks

Local carrier sensing and collision avoidance using a delav line or buller
have been considered for a tree LAN optical network operating in the Ghps
range [11]. This network has transmitting and veceiving nodes at the leaves
and junction poiunts of the tree. Groups of nodes are clustered into collision
avoidance broadeast units. Fach unit has a sclector system to choose only
one packet from the group of nodes for further propagation. The packet
that wins the contention continues to propagate to the broadcast link or
to the next higher junction il the tree is multi-level. The key Lo sensing
selection is based on a delay line that gives the switeh advanced warning as
to the future arrival of packels and hence, a chance Lo exercise intelligence to
select a single incoming line and avoid a collision before the packets arrives.
This same form of advanced information detection is the key to a collision
avoidance and control schete for the ring network,
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2.1 Basic Carrier Scnsed Multiple Access Ring Network-
(CSMA/RN) Operation
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Figure 12 CSNA/RN Logic Operation

Figure | illustrates the characteristies of a node in the carrier sensed ring
network. Uhe incoming signal is split into two streams, one through a delay
line or bulfer. A baffer is illustrated here instead of a delay line as nsed in
[L1], because it allows greater operational and control flexibility. Note that
the delay can be relatively shoet if high speed logic is used in the controller
system. For example, a 100 bit delay at | Ghps is approximately a 20 meter
piece of fiber and creates a 100 nanosccond delay. The node controller.
based upon information accumulated in the buffer. is required to make a
number of decisions. First, it must detect the presence of incoming data;
il its exists, the node must always propagate incoming information as the
outgoing signal to the next node on the ring because it would be impossible
to recreate the packet nnless sufficient storage is provided. If no incoming
packet exists, the node is free Lo place its own dataon the ring il its quene is
not empty. However, during the Lime this latter data is being Lransmitted.
il an incoming packet arrives, then the node, within the time limits dictated
by its buffer size. must discontinue its transmission and haundle the incoming



packet. Ience, packets ouce on the ring take precedence over the insertion
of new packets.,

Packets are tested at cach node to determine it the incoming packet is
destined for this node and should he copied to its ineoming, data buffer (nol
shown in Figure 1), b addition, in order 10 make room for new packets,
old packets must not be allowed to circulate continnonsly. At the very least.
alter one revolution of the ring. the source node should delete its packet.
Alternatively, the destination node can sense the arrival of information and
remove the packet as has heen done in some stotted and the register-insertion
rings(13}.

These controller functions will dictate the butler delay length and 1o
some extent the packet structure. There must be suflicient delay and logic
in the unit, Figure 1, to determine the address of the arviving packets prior
to the need to send it on to the next node. The logic is no more difficult
for cither sonrce or destination removal, but it does dictate Lo some extent
the information structure of the packet header; oo, the addresses should be
placed as near the front in the packet header straetnre as possible. Wilh
high speed GaS ogic. it seems reasonable that 100 bit delay buffers at cach
node would be reasonable as a hase line design !,

2.2 Additional Control Features in a CSMA/RN

Additional operational features can be huilt in to the bualler control system
to assist in network regulation and control. Fiest, il the minimum size
information packetis N bits fong. thew it is adwayvs possible to plice a messapge
on the system if the node’s buffer has N bits of enipty space and it does not
sense an incoming signal at the time it starts teansmitting,  Sccond, il a
node is sending a long message and an incoming signal oceurs, the node has
the option cither to abort the entire packel or to truncate and continue the
message Lter, Both these actions are interesting, from o network control
standpoint. lor:

1. abort - the operation is similar to T Tattempt and defer™ mechanisms
used in many demand access protocols [1]. [6], [10], [15], [16]. However.
in the case of CSMA /RN, a considerable portion of the message may
already have been transmitted and the resonree would be wasted as it
travels the ring [15]. Hence, the node shonld place an abort byte at

'n addition, there is another delay caused by the transmitter triggering. Using electro-
optical computer components, this delay should only be a few bits.

<



the end of the packel. To recover the resonrees, a node receiving the
packet could detect the abort signal and eliminate part or all of the
packet by removing that paet sUll i its ballers Hoa part of the message
had alrcady been transmitted, the node can place an abort byte at the
new cnd point. This would allow subscquent nodes to remove further
portions of the packet until it was completely eliminated from the
system. Ilence.the network can recover at least some of the capacity
otherwise wasted by aborted packets.

2. truncate - the operation wonld canse message bhreakup similar to most
slotted systems except that slots here are variable length. The node
would continue the message in the next free bloek, The node could
place a nnigue identifier at the end of the packet, so that the receiving
node would be alerted to look for subsequent, correlated packets in or-
der to accumulate the total message. This latter mode is the condition

studied in this paper.

Packetl removal provides interesting opportunities for cuhancing network
operation [10]. [13]. When a node has packets quened for transwission, the
detection of an incoming packet destined for that node is an excellent time
to starl transmitting a quened packet. Implemented at the destination the
scheme allows two podes 1o conmumicate, thas establishing a fixed band-
width, full duples civenit. More tmportant, however, is thal destination
removal can increases the ellective network capacity by o lactor of 2 or bet .
ter depending on the message origin amd destination patterns [U3] In the
interest of fairness. this logic may not he desirable especially when done at
the source node, since under hieavy loads, onee a node captured a slot, it
would tend to keep it and not give other nodes fair access. Additional logic
schemes would allow nodes to cooperate in the use and control of [ree blocks
on the ring [10].

For synchronous or isochronous traflic on the network, a circulating
frame system is used in order to gnarantee a node suflicient bandwidth
to handle its data [10]. [17]. Tn CSMA/RN. this can be accomplished by a
node attaining sullicient data blocks with source removal. Upon receiving
the return block, the node wonld replace it with the newly generated infor-
mation. Thus, a node, over a time period, conld accumulate sullicient data
blocks to provide both the timing and the bandwidth to handle its required
periodic traflic load. As noted above, some restrictions, sunch as a master
controller assignment for blocks {10], [17] could be used so that node do not



accumulate ashiare ol U'l'ocked-n frvmes™ sutlicieunt 1o make the remainder

of the ring’s operation nnaceeptable,

3 Comparison to Other Ring Access Protocol Sys-
tems

CSMA/RN has features which make it very similar to slotted ring [10).
[14] and register-insertion protocols [12], [13]. (18], With regard to slotted
rings, it can be considered to be o ring with a slot size of one bit, although
slots this small are unusable by CSMA/RN auwd are passed o as empty.
However, <inee its <lot sive i variable, CSMAZRYN can take sadvantage of
sending large messages without arbitrarily having 1o hreak them into smaller
blocks. Conversely. it can send small messages without wasting part ol a
large slot. However, in fixed size slotted rings, the nnmber of blocks needed
for a message is known bhut can nol be determined aprior i CSMAJRN.
Finallvo it does aot necd 1o wait for the Tiead of an cmpiy slob, potentially
giving hetter access, Herel CSMA/RN acts more like o random assignment
ot contention protocol than o demand assignient svstem [T Hence, it
slhiould be more efficient aund adaptable toa wider range of network conditions
than slotted systems,

With its buffer and controller system. CSMA/RN conld be modeled to
behave identically to the register-insertion (RE) system studied primarily at
Ohio State University {12], [13]. [18]. Fivst, the idea of message removal al
the destination is adapled from the RI system as it provides a factor of 2
improvement in throughput. The RI system gives non-precmptive priority
to the locally generated message with the incoming wessage delayed. Con-
versely, in CSMA/RN, the buffer is strictly a delay line. in order to enable
truncation or aborting of the ontgoing message and Lo enable detection of in-
coming messages destined for the node. Thus, packets experience predicable
delays when traversing the ring, i.c.. message travel Lime is a lixed, predica-
ble quantity. In doing so. CSMA/RN suffers from the fact that packet sizes
on the ring may vary and that unpredictable wessage fracturing can occur.
For low data rate ‘nctworks. where registers are necessary for RI to oper-
ate at all, message fracturing is a signilicant problew. At high data rates,
where the ring can contain many messages simultancously and large blocks
of empty space wmay be available, reasonable message fracturing shonld not
severely hamper ring operations.

A hybrid media access protocol which senses a carrier is presented in



reference [L5]. This system operates in bwo modes, multiple train mode
which is very similar to CSMNA/RN bhot wheee T Tattempt and abort™ with
out recovery is used. AL high loads, throughput is greatly reduced becanse
of collision. so the network transfers Lo a single train mode of operation to
avoid collisions,

In adl cases, CSMA/RN dillers i that it ases the concept of T"Fattenipt
and truncate” instead of ‘["Tattempt & defer™ nsed in demand aceess proto-
cols or TTattempt and abort™ used in the hybrid ring.

4 Access Analysis

A study was conducted to build an analytical model for CSMA/RN op-
cration. The analysis counsiders only the basic CSMA/RN system without
the additional control or abort features. In doing so, a number of analysis
configurations were examined including those which were nsed to model the
register-insertion ring [12]. [18]. [19] and others

based upon priority and preemptlive quening models [20). After exam-
ining these. it was fonund that a relatively simple quening theory model can
provide acceptable results.

Only a single node need be modeled since logic operations at cach node
are independent. The message trallic is represented by a Poisson arrival
process based on the network load. The analysis evaluates the capability of
the node to insert its fixed length message into the ring data stream, The
inscertion of the total message is defined as the service time for the node.
The service time includes the condition where a message may be delayed
several times for packets on the ring arriving at the node. Thus, the task
is to define a model for calculating service time versus message load based
upon the expected arrival of emply packets and Lo determine what effect
the fracturing of packets will have on the serviee time.

To simplify the analysis. the ring is assumed to be large enongh so that
an TTinfinite” number of packets the size of Lthe message can be place upon
the ring. The probability of an available packet arriving at the node is:

Pr(z = available) = p= (L =lf(n = 1)/n+1f(n - 1)/n?) (1)
where If= loadfactor; > n= numberofnodes: and

where an available packet is describe as one which is cither empty or one
whose destination is the node under consideration.



Considering each packer condition to be statistically independent, the
probability that the kth packet is the first one available is:

Fr(le) = (1 - /1]A l// (2)

As load increases the cinptv space on the ring tends to fractare. This can
further increase the service time, since now more than a single packet is
needed to service the message. Packet fracturing is modefed by assuming a
statistical distribution ol packet size. [t is based upon observations made
during the simulation runs {to be discussed in greater detail later) that a
portion of the packets have sizes which are uniformly distributed up to the
message lengtle and that the remainder have sizes equal to or greater than
the message length. Thaos. the probability density of packet size is model as:

by by ds,, ) for s s, .
[ 0 } (1)

ns =
I( ) l (or ~ S
where > s = packel size, and

> 8, = message size, and

> &8s the dirac delta funcrion.

S

The values of ky and b, ave interrelated, by |5 pls)ds = 1 so that: &, =

( l - kru )/‘sm-

Iwas observed in the sinmdator snns that b, varied as load changed:
al Jow loads, b, — [ at high loads, &, — 0. A simple lincar equations

representing these conditions is:

_fa-y iro<ireg

- l 0 elsewhere

L',”

The service Lime is:

.'\':.S‘,,[/',‘{Ik}/l'..{ﬁ}('l) (1)

where S,y = no load service time., > {1} = expected arrival time for an cmpty packet, an
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The value for {5} in equation (1) was calenlated both with {5} based
on equation (3) and with £{S) = T and compared to simulator runs. Fignre
2 shows the comparison for the condition {51 = 1 which provided superior

results.
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Figure 2 demonstrates that service time can be simply and aceurately
estimated Tor CSMA/RN by aomodel whicl takes into acconnt no doad ser-
vice time and the expected aerivid e for cmpty packets. While packel
fracturing may be a factor o seeviee time, i is ellectively compensated for
by the fact that as packets feacture and become smaller they tend Lo arrive
at the node more rapidly. Henceo tna ring where the wessage size is small
in comparison to ring size. node performance can e modeled by expected
available packet arrival.

Based on the service Lime analysis, the expected wait time for a message
is calculated using the Pollaczek-Kintehine formula [20):

Ew) = AE{ST) 200 - ) (5)

where p = AE{S}. The calenlated values for E{S}and F{5?) were taken

from equation (1) and by calculating F{/£} from the distribntion given in

Equation (2). respectively. The comparison hetween calenlated and sion
lated resulls is shown in Fignre 3.

fu Fignree 3. we have plotted the caleulated valne of wait time only np
Lo 0.95 load [raction since the value goes unstable for load fractions that
approach p = 1.0. For these conditions. the caleulated resnlts acenrately
represent those obtained from the sinndations runs. Heneeo we can with
conlidence model CSMA/RN as an available packet arrival quening svstem
(or those conditions where packet fength is small in comparison to ving
length,

The response time is delined as the time from message arrival al the
source antil the time the message reaches the destination. Hence. the ex-

pected respouse Lime is given by
E{R} = E{w) + B{SY+ E{TY = F{w) + E{S}) + 1[2 (6)

where 7' = travel time of the message on the ring. and
L = travel time to complete one evcle of Lhe ring.

E{T'} = L/2 assumes uniform selection ol destinations amongst the
nodes. Simulation results presented later will illustrate that equation (6)
accurately models the response time, especially for large size rings and low
to medium loads, where the response time is primarily the travel time for o

message.



. .

5 Simulation Systen
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Figure «4: ustration of Network Operational Conditions

In order to determine the capability of CSNMA/RN as aw access protocol.
a discrete event simulation model was built. This model is designed to enable
the rapid determination and handling of the events that can occur al each
node based upon the travel of empty and (ull packets of data around the ring
as time progresses. The events are those which can occur at a node by the
arrival of a message, by the condition that an cmpty packel is passing the
node when a message arrives, by the arrival of an empty packet at a node
which has a quencd up message, by the arrival of a packet destined for a
node and by interrupling a node which is transmitting. The set of conditions
which create events on the ring is illustrated in Figure 4. 1t is interesting
to note that, althongh the logic conditions at cach node are simple, the
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logic conditions for the ving become quite complex when it contains a large
number of nodes and the decisions at o node eventually influenee other nodes
on the ring,.

In the simulation, the ring is modelod as a inked list of packets: each
packet containing information on its length. its location conditions, ele.
Thus, the condition of cach bit of the ring based wpon the network bit rate,
length and propagation speed are embodied in the ring data. Events arce
formulated by examining the condition of cach node, as noted in Figure .
to determine the time that the node should transmit based upon its ready
condition and the condition of packets approaching its location. Once a
packet is placed by the node. its travel time is known so that the event
related to its arrival can be calenlated at placement time. A Lime ordered
list. of events is maintained. Time increments are related to bit size: for
cach new event, all packet locations on the ring list is incremented and the
new event processed to change ring state. Nodes are modeled as fixed data
structures and maintain the information as to their present status and their
past message handling cvents.

In conducting simulation raus, questions arose as Lo how long the sim.
alation runs should be in order that conditions on the ring had stabilized
Lo steady state conditions and that sufficient time elapsed so that statistical
data collected was reasonably accurate. A series of tests were conducted to
assess the conflidence which conld be placed on the data collected during o
simulation run.

Figure 5 illusteates the type of runs made to study simulator confidence.
Data were collected for intervals during a run and compared as to their
variability and to the mean of all data collected for the run. In Figure 5,
we have plotted wait time, the most sensitive of the variables, taken at the
end 10 intervals, and the cumulative average taken of the active.period of
the run. Load fractions of 1.0 and 1.5 were used sinee al the higher loads,
{tuctuations tend to be greater. First, it was found that the ring tended
to reach steady state values rather quickly, but that it results still varied

considerably between interval. [t was found that in order Lo obtain data

with a reasonable confidence in the mean accuracy, the ring had to cycle
a number of times, where a cyvele is the time for informakion to completely
traverse the ring. In general. about 1000 - 5000 cycles was found to be
suflicient clasped time.
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Sl at the 1.5 Joad condition, results mav vary considerably because of

thie sensitivity of wail Lime 1o load and service time variations.
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6 Protocol Performance and Operational Features

The simulation system was used Lo study and document the access perfor-
wance of the CSMA/RN system. The basic performance measures which
were obtained from the runs are wait, service and response time as defined
in Section 1.0, In addition, message fracture was obtained in order to esti-
mate the conditions wnder which fragmentation of the ring could be found
to occur. In addition, the ability Lo handle overloads without degradation
in throughput, is critical for network performance. Specilic runs were made
to study throughput at high foads. Finally, runs were made to determine
conditions under which the results can be scaled to related but unstudied
couditions.
General conditions for all simulator runs incinde:

1. packets were removed at the destination and the emply space used by
the node Lo send quened messages,



2. additional header hirs required hecause of packet fracture were nof

added Lo the message.

3. nodes are aniformly spaced aronnd e rng,

4. alb message arrivals are uniformly distributed among the nodes, .

5. all message destination addresses are uniformly distribute among the
nodes other than the source node. aud

G all messages are fixed length,

The analysis vesults, Pignres 2 and 3, indicate that wnder nominal conditions
CSMA/RN can provide excellent performance as an access protocol. First.
access or wail time approaches zero at no load and remains relatively flat
until the load approachies 70% of the network load. As load icreases, wail
time, which is dependent upon service time. becomes unstable as r— 1l
Service time is close to the minimal, wo load serviee Lme throughouat most
of the doad range; it renrins within a Gictor of 2 for Toad Jevels up to 60Y
network foad and with a factor of 4 for loads wp 10 95%. Finally, since travel
time for a message on the ring is fixed by the media propagation speed, the
total response time is dependent wpon ving tength in MAN and larger LAN
networks. In any case, the CSMA/RN access protocol does not slow the
teavel time, so thal a essage, once on Lhe network will move as quickly as
possible 10 Lthe destination.

The simulation studies were done to detetmine its performance wnder a
range of system parameters. Three conditions are of major interest: message
length, ring length and the number of nodes in the system, Three sels of
runs were made Lo examine the effects of these variations.

Figures 6a - 6d present data for a [ Ghps, 10k, 10 node ring for message
lengths ranging from 2K 16 20K bits. As noted previously. one of the best
performance features of the CSMA/RN is immedia Lely apparent in this and
all subscequent fignres - -the 1Ghps network is capable of bandling up to 2
Gbps without saturating. because, on an average, messages travel only half
way around the ring. Thus, load performance for CSMA/RN and other
destination removal networks systems like regisier-insertion {13] is at least
double the basic net speed bandwidth. We see from Figures 6 that average
performance characteristics for CSMA/RN are not detrimentally altered by
message length, First, mean wait time is very consistent with that predicled
by the analysis.

16
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As in the analysis, no load service time is a function ol packet length
but the shape of cach curve is similar to that predicted by the analysis
resulls.  Mean response time is preater for the farger packets, primarily
because service time is greater. Finally average message fracture ratio does
not change significantly as packel length increases, indicating thal message
fracturing does not materially increase, at least when all messages are of the
same size and nodes are uniformly distributed around the ring,.

A similar set of curves is plotted in Figures 7a - 7d to show the effect of
ring lengths. [ere, rings lengths range from 2 ki to 1000 k. In all cases,
ring length alfects mean wait time only after the load has reached 80%.
After this point, wail time does not seem Lo have a consistent variation with
ring length. The differcuces are probably due 1o the variances in random
load geuneration and the scusitivity of wail time to service Litie in this region
which can canse the system to become unstable. The average service time
shows little difference for the wide range of ring leugths. In general length
should not have much clfect as the service time is mainly dependent on
the existence of arriving available packels. Response time shows significant
dependence upon ring length, mainly due to the travel time necessary from
source to destination. Iu the case of the longer length rings, this factor
dominates. so service and wait time become insiguificant. It is only at the
lower lengths, 2 ki and 10 kui, that other ring factors make any diflerence.
Finally, packet fracturing is not affected by ring length in any significant
fashion. illustrating, at least, for the unilorm ring loads and node locations
that the CSMA/RN protacal provides excellent operatious over a range of
conditions.

Figures Ra - Rd show the simulation results when node count is varied
from 10 to 200 uodes for a 50 km ring: node spacing range from 0.25 km
to 5 k. Message length for these runs is set at 2 Kbits. For the ranges
considerced. the operation of CSMA/RN is very good. Mean wait and re-
sponse times correspond 1o the previons runs and to the analytical resalis.
At a large node count and high load factor both service time and essage
fracture show a definite increase. Under these conditions, the CSMA/RN
protocol would have it worst operational problems as the packets on the
ring would have the greatest tendency to fracture and subsequently increase
service time.
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A sel of simulator runs were made to document the perlormance for net.-
work data rates ranging from 2.0 x 104X to 1.0 x 10 +9. Network conditions
are 10 nodes, 10 ki and 2 Khit messapes. Fignres 9a and 9h show sealed
wait and service times, respeetively. The sealing has been used Lo remove
the eflect of bit rate to dewmonstrate Lhat the operationad characteristics of
the CSMA/RN system are independent of bit rate over the range ol high
data rate networks. Fignre 9¢ shows response time as nnscaled to illustrate
the advantage available in CSMA/RN as bit rate increases. At low foad
(ractiouns, inost of the response time is cansed by network travel time which
is independent of bit rate: the secondary factor being service Lime to get the
message on the network. At high load {ractions, delay due to wait time tend
to predominate, so the higher bit rate for CSMA/RN provides a definite
improvement. However. the network performance is very adequate for all
conditions considered. )

The ability of an access protocol to maintain good throughput under
saturated conditions is critical. Ruus, shown in Figure 10, were made to
examine throughput for loads between 1.5 and 2.5 load fraction. We see
that bits delivered is maintained up Lo the ring saturation linit aud remains
approximately at the maximum condition as input load is increased further.

The simulation results. Figures 2 - 10, demonstrate very acceptable per-
formance; a high data rate network using CSMA /RN access protocol oper-
ates effectively over a wide range of LAN and MAN conditions.

In developing the simulation. the question arose as Lo whether it was
necessary Lo model the ring at the bit level, e 1o be able to acconnt for
the condition of every bit in the network. or whether larger blocks, at least
for modelling performance studies, could be cousidered inseparable. This
lead to the postulation that onc can scale the simulation results by treating
cach bit as a block in an TTup-sized™ ring. Thus, a bit in a 10 ki, 10
node ring with 2 Kbits messages would scale to represent 10 bits in 100 km.
10node ring with 20 Kbit messages. Scaling is cquivalent to the network
parameter, a , the round trip propagation time measured in message units.
The question is whether the statistical perforinance of the ring would be
aflected by the separation of the block into bits, where in the scaled model,
a block would be inseparable. [t would seein unlikely that block size effects
this small would have any appreciable influence on nowinal ring operations.

To verify the scaling capability of CSMA/RN, a series of 4 runs were
made. The 10 node, 10 kin, 2 Kbit rings was compared to a 100 kn, 20
Kbit; a 1000 km, 200 Kbit; and a 10000 kin, 2 Mbit rings. Three performance
factors were cousidered, the normalized service time, the message [racture
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ratio and a histogram of cmupty packet leugths available to nodes when
they place a message on the ring. The histogram counts emply block in 11
‘inlervals related to message size. Of these the histogram is considered the
best mcasure of whether bits can be used to represent blocks. Il nodes see
emply blocks in the ratio equivalent to the scaled bit size then the scaling
factor is a very acceptable mcans to extrapolate CSMA/RN performance.
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Fignre {Ta presents message fracture ratios for the 1 raus, above, Tor load
fractions from 15% - 2009 Figure LI preseuts the normalized service time
based upon message leugth. Both figures illust rate that sealed conditions are
nearly identical. Table 1 presents data based npon the histograms for empty
packets. The histogram gronps empty packets into the 11 intervals related
to message size; i.c., the cmipty biocks are separated into cqnal size groups:
the first group is packets which are <10% of message size; the second group.
packets between 10% - 20% of message size, cte.: the last group, packets
>100% of wmessage size. The resnlts are presented as the percentage of
packets in a group to the total number of cmpty packets arriving at the
nodes.

The four sets of data in Table Uare the fonr run conditions stated above.
Il we compare identical entries for the four conditions, we see vory little
difference at the higher load fractious and no difference at lower loads. Thus.
for cach condition the ring seales nearly identical. i.o.. o bit in the lowes!
size ring is cquivalent to a block of 1000 bits in the largest ring. As a result
we are very coulident CSMA/RM resnlis can be effectively sealed from the
bit to the block level over a wide range of conditions.

Note that the scaling studies for CSMA/RN modelled a wide area nct-
work (WAN) with a gigabit rate and wmegabit message transfers. Perfor-
mance of this uctwork is excellent; it handles up to 2 gigabits/sec of data.
Access and service times are excellent and siuce travel time is based nupon
the speed of light in the medivim, the response time is striclly a function of
separation distance between conmunicating nodes. In fact, it appears Lthat
CSMA/RN operational features provide a asynchronous data WAN which
is as good as can be expected and should be a suitable access protocol for a
National Rescarch and Education Network [21).

7 Conclusions

CSMA/RN operates under conditious where a ring can contain a number of
messages simultancously. It is based npon TTattempt and truncate” for a
node transmitting if an incoming carrier is detected on the ring. In this re-
spect it difTers from olher access protocols which defer or abort transmission
when a collision can occur. The results demonstrate that CSMA/RN is a
viable protocol for a wide range of ring paramcters and conditions. Service
and wait times are excellent for a large range of load conditions and a simple
analytical model is available to estimate operations. Message {racture does
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not appear to be a serious a problem for rings which can contain an fairly
farge number of wessages, el where a2 10 Throughpat remains high
wnder overload counditions A sealing parameter exists based upon a which
allows the estimation ol ring performance for WANs.  Here, CSMA/RN
performance is excellent aceess and snitable for o future national network
system.

To date, CSMA/RN studies have beeu limited to simple asynchronons
data operational conditions. Additional study is required to document its
performance for messages with variable lengths, for non-uniform load con-
ditions, for conditious where ring domination by a few nodes can occur, and
for large node connt couditions where message fracture is most likely. Proto-
col procedures must be developed and studies must be done for CSMA/RN
to eflfectively handle integrated Lrallie, i.e., synchropous trallic consisting ol
voice and video data tn conjunction with asvuchronous messages.
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